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Parametric speaker arrays have been studied for speech privacy systems since West-
ervelt presented his paper on parametric acoustic arrays (1963) [1] [2] [3] [4] [5] [6].
The principle of parametric speakers is based on the nonlinear phenomenon of sound
waves [7] [8] [9] [10] [11] [12] [13]. Moreover, the generated imaginary sound sources
and the sound demodulated by parametric speakers have been also well studied [14]
[15] [16].
Parametric speakers have mainly been studied from the point of view of sound
signal processing, the arrangement of transducers, and nonlinear acoustical phe-
nomena [17] [18] [19] [20]. Seminal studies have established technologies related to
the structure of piezoelectric transducers; however, there is a dearth of information
on fabricating piezoelectric transducers to produce parametric speakers having high-
quality sound [21] [22] [23]. In this paper, we focus on small piezoelectric transducers
that can be used for parametric speakers.
Parametric array speakers provide narrow directional audible sound using mod-
ulated ultrasonics. Parametric speakers can transmit sounds to a spot; thus, they
are useful for ensuring sound privacy. Parametric speakers have many expected ap-
plications, for example, in exhibitions and museums, and for conveying information
in offices. As shown in Fig. 1.1, a person standing in the beam of ultrasonic waves
radiated by parametric speaker can hear sounds. On the other hand, the other
person standing out of the beam of ultrasonic waves does not hear sound. This is
enabled by the narrow directivity of ultrasonic waves.
A parametric speaker system consists of four categorized function blocks. The
outline of a parametric speaker system is shown in Fig. 1.2. As shown in Fig. 1.2,
the parametric speaker system can be divided into four blocks. The first block is
the audio processing block, which is processed by computation instruments, such
1
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Figure 1.1: Schematic idea of parametric speakers.
as DSPs and CPUs. The signal processing for the parametric speaker is divided
broadly into two blocks, i.e., modulation processing and equalizing and compressing
The second block is the electrical driver, whose main component is an audio power
amplifier and passive filter circuit that includes inductors, capacitors, and resistors.
The peripheral structure of piezoelectric transducers such as cases of transducers
and horns can enhance the sound pressure and control directivity.
The third block is a piezoelectric transducer array, which is the main focus of
this thesis. The fourth block is the acoustic field. This acoustic field comprises two
fields: the field of the ultrasonic waves and the field of the demodulated audible
sound. The ultrasonic field can be controlled by the peripheral structure of piezo-
electric transducers such as cases of transducers and horns attached to transducers.
Controlling this field is one of the themes of this thesis, which is explained in Chap-
ter 5. The field of the demodulated audible sound is generated as results of the field
of the ultrasonic wave, which is expressed by a non-linear acoustic equation, such
as the Westervelt equation, Burgers equation, or the KZK equations. The numer-
ical calculation methods of the Westervelt equation, Burgers equation, and KZK
equations have been studied considerably.
The main contributions of this thesis are related to the“Piezoelectric transducer”
and“Acoustic field”blocks shown in Fig. 1.2. We obtained study results related to
the“signal processing” and“electrical driving circuit” blocks; thus, these results
are also explained in this thesis.
Parametric arrays have been studied by many researches since Westervelt discov-
ered the principle of self-demodulation by nonlinear interaction between two ultra-
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Figure 1.2: Schematic of the system blocks of the piezoelectric speaker system.
sonic waves. Sound signal processing, the arrangement of transducers, and nonlinear
acoustical phenomena are well studied, even though the characteristics of piezoelec-
tric transducers specialized for parametric speakers can be improved. Parametric
speakers usually consist of an array of piezoelectric transducers, which have piezo-
electric elements and metal resonators. Although the basic theory and production
methods have been established, there is still a room for improving and optimizing
each application. A piezoelectric transducer for a parametric speaker is required
to radiate large carrier and sideband waves, which means that the transducer must
have one wide resonant peak or more than two resonant peaks of the sound pressure
level.
The most important issue limiting the use of parametric speakers is their large
size. Parametric speakers usually consist of more than one hundred piezoelectric
transducers. To expand the application of parametric speakers, it is necessary to
fabricate slim-sized parametric speakers. To obtain slim-sized parametric speakers,
piezoelectric transducers must be optimized for use in parametric speakers. The
main theme of this thesis is to find a method for fabricating appropriate transducers
for slim-sized parametric speakers consisting of few transducers.
The parametric speaker was first invented by Yoneyama in 1983 as an “audio
spot light” [5]. The invented parametric speaker array that consists of piezoelectric
transducers is shown in Fig. 1.3. This original“parametric speaker”employed 547
PZT bimorph transducers.
As an example, we show a general parametric speaker consisting of 16 piezo-
electric transducers (developed prototype by NEC Corporation) in Fig. 1.4. The
piezoelectric transducer shown in Fig. 1.4 is the first prototype, and it performs the
same function as the general airborne transducers sold in markets.
As shown in Figs. 1.3 and 1.4, generally, parametric speakers need a considerable
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Figure 1.3: Picture of a large parametric speaker (Yoneyama, 1983).
Figure 1.4: Example parametric speaker (prototype developed by NEC Corpora-
tion).
number of piezoelectric transducers. To fabricate small parametric speaker systems,
it is necessary to develop optimized transducers for parametric speaker.
Incidentally, prior studies have reported capacitive micromachined ultrasonic
transducer CMUT structures of parametric arrays that utilize micro electro me-
chanical systems (MEMS) or other methods [28] [29] [30]. Although these new
types of transducers are interesting from the point of view of future development,
the sound pressure level of ultrasonic waves is not yet sufficient enough for practical
sound pressure levels of demodulated sound to be obtained. Moreover, soft piezo-
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electric films such as PolyVinylidene DiFluoride (PVDF) can be used to fabricate
parametric speakers [31] [32] [33] [34]. However, this type of piezoelectric film must
be large to a certain extent.
Figure 1.5 shows categories of airborne piezoelectric transducers. Figure 1.5
includes four categorized piezoelectric transducers, which are CMUTs, piezoelec-
tric film transducers, sealed-type piezoelectric ceramics transducers, and open type
piezoelectric ceramictransducers. Although both the sealed-type and open type
piezoelectric ceramic transducers are the same from point of view of the mechanism
of bending PZT elements with a metal element, their mechanical resonator struc-
tures are different from each other. Sealed-type transducers utilize their metal or
resin cases as the vibration resonator, and they do not have an opening aperture.
On the other hand, open type transducers utilize cones and metal shim-boards as
the resonator, and they have an opening aperture in front of the transducer core
and cone.









































CHAPTER 1. INTRODUCTION 7
In Fig. 1.5, the advantages and pain points of each transducer type are shown
by yellow and blue rectangles, respectively. For example, CMUTs and piezoelectric
film transducers have issues related to high driving voltages and sizes. In contrast,
sealed-type and open type piezoelecric ceramic transducers have issues related to
narrow resonant peaks caused by their high mechanical Q-factor.
As shown in Fig. 1.5, each transducer type has both merits and demerits. How-
ever, the traditional transducer type, i.e., sealed-type and open type piezoelectric
transducers, have advantages from the point of view of the sound pressure generated
by a limited transducer area and the driving voltage. In various products such as au-
tomobiles, these traditional transducers are mainly used. This is primarily because
traditional transducers have advantages related to sound pressure, driving voltage,
manufacturability, and cost. The disadvantage of these transducers is that it is dif-
ficult to obtain wide resonant peaks with them while maintaining the mechanical
Q-factor and the radiated sound pressure. The issue of narrow resonant peaks is an
important problem for parametric speakers, because parametric speaker utilize the
difference in sound between more than two frequency components of ultrasonic waves
and the sound pressure of demodulated sounds is proportional to the product of the
sound pressure of the two frequency components of the ultrasonic waves. Therefore,
if the resonant peak is narrow, the sound pressure of demodulated sounds is small.
The first contribution of this thesis is an improvement in this issue, as shown in Fig.
1.5.
Figures 1.6 and 1.7 show the frequency response of the sound pressure level and
the electrical admittance of an open type piezoelectric transducer sold on the market
(AT40-10PB). As shown in Fig. 1.6, generally, piezoelectric ceramic transducers
have narrow resonant peaks. Additionally, as shown in Fig. 1.7, the frequency gap
between the first and second resonant peaks is larger than 20 kHz; thus, they cannot
be utilized simultaneously in a parametric speaker. We, therefore, decided to design
a structure having two close resonant modes that can be utilized simultaneously in
a parametric speaker.
Widening the available frequency range of piezoelectric transducers is not specific
to parametric speakers. We show an example for a similar development case which
is related to the transducer for underwater sonar. Figure 1.8 shows a structure of a
tonpiltz type transducer for underwater sonar produced by NEC Corporation [36].
The slit in the front mass is designed to generate more than two resonant peaks,
which can be widened to the available frequency range. Although the structure of
an airborne transducer is different from that of an underwater transducer owing
to the different acoustic impedances of air and water, the basic idea shown in Fig.
fig:tonpiltz is common for our study on airborne transducers.
We have one more issues shown in Fig. 1.5, which is to obtain a narrow direc-
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Figure 1.6: Frequency response of the sound pressure level of a general piezoelectric
transducer.
Figure 1.7: Frequency response of the electrical conductance of a general piezoeletric
transducer.
tivity. All transducer types need many cells and units and a large area. Parametric
speakers were invented to obtain narrow directivity of audible sounds; thus, this is-
sue is also important to the fabrication of small parametric speakers. As the second
contribution of this thesis, we propose a solution to this directivity issue.
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Figure 1.8: Schematic of a tonpiltz type piezoelectric transducer for underwater
sonar (developed by NEC Corporation).
1.2 Structure of this thesis
Figure 1.9 shows the issues faced in fabricating a piezoelectric transducer for a small
parametric speaker and their solutions. The solutions are categorized into three
levels: high-level, mid-level, and low-level solutions. The low-level solutions are
discussed in chapters 3, 4, and 5.
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We now explain Fig. 1.9, the issues and solutions, and the structure of this
thesis.
This thesis deals with the following issues to achieve the desired characteristics
of piezoelectric transducers:
A. Wide available bandwidth around resonant peaks,
B. High sound SPL,
C. Narrow directivity.
Issues A, B, and C can be solved by the high-level solutions a, b, c, and d.
a. Obtain two close resonant peaks,
b. Design a structure with a low mechanical friction loss,
c. Optimize the mechanical and acoustic structures of the transducer,
d. Attach additional acoustic attachments to the piezoelectric transducer array.
These high-level solutions are abstract; they must be decomposed further into
mid-level solutions 1, 2, 3, 4 , 5, and 6.
High-level solution “a” is decomposed into solutions 1 and 2:
1. Design and fabricate transducers having two close resonant modes,
2. Install mode control functions in the piezoelectric transducers.
High-level solution “b” is rewritten in more detail as mid-level solution 3:
3. Find an efficient structure to fix the components of a transducer.
High-level solution “c,” i.e., the optimization of the mechanical and acoustic
structure of a transducer, is decomposed into mid-level solution 4 and 5:
4. Design a mechanical structure, i.e., the core part of the transducer having a
mechanical resonant structure and piezoelectric elements,
5. Design the main acoustic structure, i.e., the structure to improve the sound
pressure level.
High-level solution “d,” which is an additional attachment to the transducer
array, is rewritten as mid-level solution 6:
6. Acoustic resonant structure.
Finally, the mid-level solutions are decomposed or rewritten by the actual de-
tailed design. The detailed information is denoted in chapters 3, 4, and 5. Here,
we describe the outline of the detailed design, which is referred to as a low-level
solution. We show the schematic of each solution for reference.
Mid-level solutions 1 and 2 are decomposed into low-level solutions (1) and (2):
(1) Develop a double-linked diaphragms structure,
(2) Install more than two channels to control the resonant mode.
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Mid-level solution 3 is rewritten as low-level solution (3):
(3) Design bobbin-structured rods between the two diaphragms for stable bonding
between diaphragms and rods.
Mid-level solution 4, design a mechanical structure for the transducers, is de-
composed into low-level solutions (4) and (5):
(4) Design a core of the transducer that consists of diaphragms and rods,
(5) Design radial cones that work as the mechanical magnification structure.
Mid-level solution 5, design an acoustic structure, is rewritten as low-level solu-
tion (6):
(6) Design a baffle case and cap that has the function of aligning an acoustic field
near a transducer.
Mid-level solution 6 is equal to low-level solution (7):
(7) Design a loop horn that is attached to the transducer array to control the acoustic
field and obtain narrow directivity.
The three solution levels are discussed in chapters 3, 4 and 5.
Step 1 = Chapter 3: Generate an abstract mathematical model to design the
transducer and design the basic structure (low-level solution (1) ).
Step 2 = Chapter 4: Improve the durability against strong mechanical forces and
add a control function for the resonant frequencies (low-level solution (2), (3), and
(4) ).
Step 3 = Chapter 5: Add a peripheral structure, i.e., a radial corn, baffle case,
and horn to the developed transducers in step 2 to improve their electro-acoustic
conversion ratio (low-level solution (5), (6) and (7) ).
Finally, in this chapter we explain the contents of this thesis.
This thesis consists of six chapters. As show in Fig. 1.2, each chapter corre-
sponds to each block. Here, the outline of each chapter is described.
Chapter 1. Introduction.
In this chapter, we explained the outline of parametric speakers including their ap-
plications. The motivation and position of this doctoral thesis were also explained.
Chapter 2. General knowledge.
In chapter 2 , we provide general knowledge related to parametric speakers, piezo-
electric materials, and issues related to piezoelectric transducers are denoted.
Chapter 3. Basic structure of the developed transducer.
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In chapter 3, we focus on the basic structure of a transducer having two close res-
onant peaks. We developed a structure having a double linked diaphragm with a
resin rod. This structure enables two close resonant peaks to be obtained; however,
this structure is not robust to strong mechanical forces. Moreover, this basic struc-
ture does not have a function that controls the resonant mode, which is necessary
to expand the width of the available resonant peaks. Description in this chapter
corresponds to issue A and step 1 denoted above.
Chapter 4. Transducer having a mode control function.
In chapter 4, we explain the improved design of the transducer. The improvement
is related to the fixation method and the resonant mode control function. The rod
between the two diaphragms is redesigned to three rods to improve the durability
against strong mechanical stress at the resonant frequencies. The control function
is obtained by additional piezoelectric elements and an input channel. By these im-
provements, we obtained a more stable and functional transducer that can expand
the available width of the resonant peaks. The descriptions in this chapter corre-
spond to issue A and step 2.
Chapter 5. Peripheral acoustic structure.
In chapter 5, we describe the peripheral structure, including the radial cones, hous-
ing case, and attached horn. The developed transducer in Chapter 3 does not have
radial cones. To add the radial horns, further theoretical analysis was needed. The
descriptions in this chapter correspond to issue C and step 3 denoted above. The
results of theoretical analyses and experimental results are explained.
Chapter 6. Driving circuit and modulation method.
In chapter 6, the additional results of the study related to the driving circuit and
modulation method are explained. The first topic is related to the peripheral driving
circuit consisting of inductors and capacitors that allow for the sound pressure level
radiated from transducer array to be increased. We show the theoretical analysis and
experimental results using a general piezoelectric transducer array. The second topic
is about the modulation method of parametric speakers. The modulation method
is usually considered based on the assumption that the frequency response of the
transducer is flat; however, actual transducers have various frequency responses. We
show the influence of the frequency response of transducers by a simple calculation
of the imaginary source expressed on the right-hand side of the Westervelt equation.
The descriptions in chapter 5 correspond to issue D and E.
Chapter 7. Concluding remarks.
In chapter 7, we summarize this doctoral thesis, including conclusions, future works,
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other versions of the design described in this thesis, and expected applications. We
apply the design to closed type piezoelectric transducers and transducers having




2.1 Basic theory of nonlinear acoustic
2.1.1 Nonlinear phenomena
There are many phenomena in the world that cannot be explained by theories based
on linear equations, as all phenomena are caused by nonlinear mechanisms. Many
physics fields such as rigid-body dynamics, fluid mechanics, mechanics of elasticity
and electromagnetics, are essentially described by nonlinear theories. There are
a few phenomena that depend on the magnitude of a physical quantity that can
be expressed by linear equations. Regarding the wave phenomena, the magnitude
of waves decides whether linear theories or nonlinear theories must be applied to
describe the phenomena.
Linearity means that the characteristics of a function fulfill a proportional rela-
tion and the principal of superposition. The proportional relation and the principal
of superposition are written as
L(ax) = aL(x), (2.1)
and
L(x1 + x2) = L(x1) + L(x2), (2.2)
where L is a linear operator, x and y are input functions, and a is a constant. On
the contrary, nonlinearity means that the characteristics of a function do not fulfill
these two equations.
To analyze nonlinear functions, the Taylor expansion is commonly used. Here,
we consider the nonlinear operator G and an input function x and an output function
y. The relation of the output function y and the nonlinear operator G is expressed
15
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using a Taylor expansion form around x = x0 as






As shown in Eq. (2.3), when the value of the input function x is close to x0,
i.e. ∆x = x − x0 ≃ 0 is satisfied, the output function y can be approximated
as y = G(x0). In other words, the output function can be regarded as the linear
function of x. By contrast, when the difference from x0 is large, the output function
y must be calculated, including its higher order terms, which are shown as the
second term on the right-hand side of Eq. (2.3). As shown in Eq. (2.3), nonlinear
phenomena are analyzed by dissolving nonlinear functions into higher order terms
using the Taylor expansion.
As an example, we discuss optics. Optics theories are usually constructed based
on the linear theory, i.e., Maxwell’s equation and the linear wave equation assuming
constant parameters related to electromagnetism, including the dielectric permittiv-
ity, the permeability, and the polarizability. When the amplitude of light is low, the
polarization of the material P is expressed by the linear equation
P = ϵ0χ
(1) ·E, (2.4)
where P is polarization of the material, E is the electric field, ϵ0 is the dielectric
permittivity, and χ(1) is the electric susceptibility. Generally, χ(1) is the second order
tensor, and it can be expressed by scalar value for an isotropic material. On the
other hand, when the magnitude of light is high, the electrical polarization, including
its higher order terms, must be expressed as
P = ϵ0(χ
(1) ·E+ χ(2) ·EE+E+ χ(3) ·EEE), (2.5)
where χ(2) and χ(3) are third and fourth order tensors, respectively. · is the inner
product of a tensor and a vector.









We consider the effect of the influence of the second order terms of nonlinear
polarization. We consider the case where light having some frequency components
enters a nonlinear medium. Let the angular frequency of two frequency components
be ω1 and ω2. From Eq. (2.6), the sum and difference of the frequency components
can be obtained. Let the angular frequency of the sum and difference of the frequency
components be ωs and ωd.








where gs and gd are the factors expressing the multiplicities of the sum and difference
components, respectively.
Furthermore, we obtain more complex terms by the third order nonlinear term.
Regarding the frequency component having the angular frequency ωs,2 = ω1+ω2+ω3,




where gs,2 is the factor expressing the multiplicity of the component having the
angular frequency ωs,2.
As explained above, transmission of the wave in a nonlinear medium generates
higher order frequency components and interference waves of more than two fre-
quency components owing to the exponential terms of the input function xn, as
shown in Eq. (2.3).
2.1.2 Causes of the nonlinear acoustic effect
In the previous subsection, we provided an outline of nonlinearity and an example
of nonlinear optics. Here, we show the basic theory of nonlinear acoustics. In
summary, the most important result caused by the nonlinearity of the sound waves
of parametric speakers is the generation of difference and sum frequency components
by the interaction of more than two frequency waves. As mentioned above, in
nonlinear optics, the difference and sum frequency components are generated by the
exponential terms of input function xn, i.e., the exponential terms of the electric
field E. In the nonlinear acoustic theory, however, additional causes of nonlinear
phenomena related to fluid mechanics are involved.
Here, we consider the detailed mechanism of nonlinear acoustics that causes the
difference and sum frequency components. There are three study fields in nonlinear
acoustic: waveform distortion, acoustic radiation, and acoustic streaming. They are
related to each other and described by nonlinear acoustic wave equations. Paramet-
ric speakers use the principal of waveform distortion.
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where p is the sound pressure, c0 is the sound speed under the static atmosphere
pressure, and t is the time. Equation (2.10) is the approximate equation, in which
the two nonlinear effects that are related to thermal dynamics and fluid dynamics are
neglected. When we consider sound waves with finite amplitude, these two effects
must be used to derive the wave equation.
[Nonlinear effect of thermal dynamics]
First, we consider the first nonlinear effect of thermal dynamics, which is related
to the adiabatic equation and the specific heat ratio γ.













where P is the total pressure, and P0 is the static atmospheric pressure. The sound
pressure p is written as p = P − P0. ρ is the total mass density, ρ0 is the static
mass density under the atmospheric pressure, and ρ′ is the fluctuation in the mass
density. ρ, ρ0, and ρ
′ are written as ρ′ = ρ− ρ0.












The total pressure P is expressed using Taylor expansion as












(ρ− ρ0)2 + · · · , (2.13)















= γ(γ − 1)P0. (2.15)
Using Eqs. (2.14) and (2.15), Eq. (2.13) is rewritten as
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Table 2.1: Values of the parameters of nonlinearity B/A.
Material B/A Note (temperature, chemical formula)
Air 0.4 20 ◦C





n− propanol 9.5 C3H7OH
Acetone 8.0 (CH3)2CO
Ethyl acetate 8.7 CH3COOHCH2CH3
Corn oil 10.7 20 ◦C
Castor oil 11.3 20 ◦C
The parameter B/A is called the parameter of nonlinearity, and it expresses the
strength of the nonlinearity of gasses and liquids. The parameters of nonlinearity
for air and various liquids have been measured, and are listed in Table 2.1. [24]
[Nonlinear effect of fluid dynamics]










u = −∇P (2.18)
where the operator d/dt is called the Lagrangian derivation; it describes the time
rate of change in some physical quantity of a material element that is observed from
the view of the stream of the material. The second term of the Lagrangian derivation
(u · ∇)u expresses the advective term, which causes the nonlinear effect.
2.1.3 Derivation of nonlinear acoustic equations
Here, we deduce the nonlinear wave equations used in nonlinear acoustic studies.
The governing equations that describe nonlinear acoustic phenomena are the con-
tinuity equation, Navier-Stokes equation, equation of state related to the pressure,
entropy and mass density equations, and the law of the conservation of energy.
The continuity equation is written as
∂ρ
∂t
+∇ · (ρu) = 0. (2.19)
The Navier-‒ Stokes equation is a revised equation of Euler’s equation of motion
including the viscosity of fluids and the forces caused by heat conduction. It is
written as





+ (u · ∇)u
]





∇∇ · u, (2.20)
where η and ηB are the shear viscosity and bulk viscosity, respectively.
The equation of state, which is related to the relation between the mass density
ρ, the pressureP , and the entropy S, is written as
P = P (ρ, S). (2.21)
Taking into consideration the energy dissipation caused by the variation in tem-






+ u · ∇S
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+ ηB(∇ · u)2, (2.22)
where T is the temperature, and κ is the heat conduction coefficient.
Let the fluctuation from the equilibrium value of the mass density ρ0, the tem-
perature T0, and the entropy S0 be ρ
′, T ′, and S′, i.e.,
ρ′ = ρ− ρ0, T ′ = T − T0, S′ = S − S0. (2.23)
First, we derive the linearized equation from Eqs. (2.19), (2.20), (2.21) and
(2.22). Equations (2.19), (2.20), (2.21) and (2.22) are rewritten by neglecting the
terms with orders higher than those of the second-order terms as
∂ρ′
∂t



































= κ∇2T ′, (2.27)
where p is the sound pressure level.
Using the first order approximation, the adiabatic change can be written as
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∇ · u, (2.30)
where Cv and Cp are the specific heat at constant pressure and constant volume,
respectively.









∇ · u. (2.31)
Using Eqs. (2.31), (2.24), and (2.25), we obtain the particle velocity equation u as

















where ν is the dynamic coefficient of viscosity. δ, the coefficient representing the













where Pr = ηCp/κ is the Prandtl number.
The particle velocity u shall be decomposed to the irrotational component ui and
the solenoidal component ur. Substituting these two components into Eq. (2.32),
we obtain two equations:
∇
[




















In a fluid, the solenoidal component disappears rapidly because shear stress cannot
exist in a fluid. Thus, we just consider Eq. (2.34).
The irrotational component of the particle velocity ui is written as ui = ∇ϕ using
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The second term on the right-hand side of Eq. (2.36) represents the losses in the
medium.
By Fourier transform, Eq. (2.36) is transformed into the Helmholtz equation
∇2Φ = −k2Φ, (2.37)
where Φ is the Fourier transform of the velocity potential ϕ.









Next, we derive the governing equation of nonlinear acoustic phenomena by
taking into consideration the second terms of the sound pressure level p and the
particle velocity u.












































∇ · u. (2.40)
Regarding the particle velocity, we consider only the irrotational component ui as























Here, we can define the Lagrangian L = ρ′ ∂u∂t +
ρ0
2 ∇(u · u) = K − U , i.e., the
Lagrangian is defined as the combination of the kinetic energy K and the potential





































where β = 1 +B/2A is the nonlinear coefficient.
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where we used the equation of linear acoustic theory ∇ · u = −(ρ0c20)−1∂p/∂t.





















Equation (2.45) is the nonlinear equation describing the sound pressure level p.


























where we used the equation ∇ϕ = −u.
When the acoustic wave is a plane wave, the Lagrangian is negligible and the
















Equation (2.47) is the Westervelt equation that is commonly used for analyses in
the field of nonlinear acoustics.
Furthermore, the Westervelt equation can be simplified as the Burger’s equation














where τ = t− z/c0 is the retarded time.
By adding the influences of the combined effects of nonlinearity, absorption in
a directional beam, and diffraction, the Khokhlov ‒‒ Zabolotskaya ‒‒ Kuznetsov
















2.2 Basic theory of a parametric speaker
By the Westervelt equation, the sound pressure of secondary waves generated by the




















where ps is the sound pressure of the secondary difference sound, q is the strength
of the sound of the virtual sound source, c0 is the speed of the sound, ρ0 is the mass
density of air, β is the nonlinear fluid parameter, and pi is the sound pressure of
the first ultrasonic. Equations (2.50) and (2.51) show that the end-fire array of the
imaginary sound sources generate the demodulated audible sound.
Figure 2.1 shows the relation between the imaginary sound sources and the
direction of demodulated sound.
Figure 2.1: Schematic of imaginary sound source and direction of demodulated
sound.
The ultrasonic sound modulation method for parametric speakers is usually stud-
ied based on the assumption that the frequency response of the sound pressure level
of a transducer is flat. As mentioned above, ultrasonic transducers have steep fre-
quency responses around each resonant peak, which vary the spectrum of the input
signal. Generally, the sound quality of demodulated audible sound of piezoelectric
speaker is poor in the low frequency range, which is confirmed by the equations
derived by Eqs. (2.50) and (2.51). When an ultrasonic wave is modulated by the
amplitude modulation (AM) with an audio signal g(t), the sound pressure of the
different sound is calculated as [5],












where a is the radius of the cross section of the ultrasonic wave, m is the modulation
index, α is the absorption coefficient of the primary wave (carrier wave), and r is the
distance between the sound source and the measuring point. The Fourier transform












where Ps(ω) and Gs(ω) are the Fourier transforms of the functions ps(t) and g(t).
Equation (2.53) means that the sound pressure of the self-demodulated audio sound
is proportional to the angular frequency of the audio signal when the primary ul-
trasonic wave and the modulated sideband wave are collimated as beams. Equation
(2.53) means that the sound pressure of demodulated sound is proportional to the
square of its angular frequency. Thus, demodulated sound tends to be poor in the
low frequency range. To cancel the tendency of the frequency response represented
by Eq. (2.53), the piezoelectric transducer must have one wide resonant peak or
more than two resonant peaks of the sound pressure level. The full width half max-
imum of the resonant peak of the sound pressure level and the vibration velocity of
a piezoelectric transducer are decided by the mechanical quality factor (Q factor).
In other words, it is necessary to decrease the Q factor to expand the full width half
maximum. Therefore, it is difficult to accommodate a high resonant value and a
wide width of a resonant peak of the sound pressure.
Finally, we provide an outline of the modulation methods of parametric speakers.
Figure 2.2 shows the frequency components of modulation for parametric speakers.
Generally, amplitude modulation, single-sideband modulation with a carrier wave
(SSB with carrier), and modified double-sideband modulation (MDSB) are used in
parametric speakers. First we explain the AM modulation. As shown in Fig. 2.2, by
modulating the carrier wave by the audible sound, three frequency components are
obtained: the carrier wave, lower-sideband (LSB) components, and upper-side band
(USB) components. The parametric speaker uses the differential sound between
the carrier wave and LSB or USB. Based on Westervelt equation Eq. (2.50), the
imaginary sound sources of differential sound are generated. AM modulation and
MDSB modulation use both LSB and USB. On the other hand, single-side band
modulation (SSB) with a carrier uses either LSB or USB [25] [26] [27].
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Figure 2.2: Schematic of the frequency components of the modulated signals of a
parametric speaker.
2.3 Piezoelectric materials
The piezoelectric effect is a phenomenon observed in materials such as crystals and
ceramics, whereby an electrical voltage is generated by applying a mechanical pres-
sure on the surface of the material [21]. The generated electrical voltage is basically
proportional to the mechanical force. The material experiencing the piezoelectric
effect is called a piezoelectric material. The piezoelectric effect of a piezoelectric ma-
terial is caused by the polarization in its crystal structures [43] [41]. The piezoelectric
effect is a reversible process between mechanical and electrical phenomena, i.e., the
mechanical force causes the electrical voltage and the electrical voltage causes the
mechanical force.
The piezoelectric effect was found by Pierre Curie and Jacques Curie in 1880
[42]. This effect was theoretically deduced by Gabriel Lippmann in 1881. He de-
duced this effect based on the thermodynamic theory. Not only single crystals but
polycrystalline ceramics show the piezoelectricity. Polycrystalline ceramics need a
high polarized voltage to exhibit piezoelectricity. This is why polycrystalline ceram-
ics have domains having piezoelectricity; however, they are distributed randomly.
By applying a high polarized voltage, the directions of piezoelectric domains are
aligned [43].
The first application of a piezoelectric material was the Langevin transducer
for underwater sonar, which was developed by Paul Langevin (France, 1917). The
original Lagevin transucer utilized a thin quartz crystal. The Langevin transducer
has the fundamental resonant frequency of several dozen kHz and is utilized as a
projector and receiver of ultrasonic waves in the sea. This transducer has a sandwich
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structure that consists of a ceramic plate and two steel plates that enable thickness
vibration. The Lanbevin transducers are easy to design and fabricate; thus, they
are commonly used today.
After World War II, various piezoelectric ceramics were developed. Represen-
tative materials are Barium titanate (BaTiO3 invented by W. L. Cherry, Jr. and
Robert Adler (USA, 1947) and PZT (Lead zirconate titanate) invented by Yutaka
Takagi, Gen Shirane, Etsuro Sawagchi (Japan, 1952) [44]. They are Perovskite
materials and have much larger piezoelectric constants than natural materials.
After the mid-20 century, piezoelectric materials having larger piezoeletric con-
stastants were developed. As polycrystalline ceramics, ADP, CdS, ZnO, LiNiO3 are
well known [45] [46] [47] [48]. Recently, new piezoelectric materials such as lead-free
piezoelectric materials have been developed by taking the environment into consid-
eration [49] [50] [51] [52]. Besides, flexible piezoelectric films such as PVDF have
been well studied for many decades and some manufacturers are fabricating them
for certain applications [31] [32] [33] [34].
2.3.1 Governing equations of a piezoelectric material
We provide an outline of the theoretical equations of piezoelectricity. The basic
governing equations of piezoelectricity are 1) equation of motion, 2) divergence of
electric flux, and 3) coupled-equations of piezoelectricity. The equaition of motion





where T is the stress tensor, M is the matrix of mass, and u is the displacement of
motion.
Assuming a quasi-static situation, the divergence of the electric flux D is equal
to zero; thus
∇ ·D = 0. (2.55)
The coupled-equations of piezoelectricity are described in vector form as
T = cES− teE, (2.56)
D = eS+ ϵSE, (2.57)
Equations (2.56) and (2.57) are written in three-dimensional tensor form as
Tij = c
E
ijkl − eijmEm, (2.58)
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Dn = enklSkl + ϵ
S
nmEm, (2.59)
where T is the stress tensor, c is the stiffness tensor, E is the strength of the electrical
field, D is the electrical flux density, e is the piezoelectric stress constant, S is the
distortion tensor, and ϵ is the dielectric permittivity. Equations (2.58) and (2.59)
are called e-Form equations. In actual numerical calculations, such as in the finite
element method (FEM), Eqs. (2.58) and (2.59) are employed as the governing
equation together with the equation of motion of other components such as metal
plates.
Equations (2.86), (2.55), (2.58), and (2.59) can be summated by the tensor form
as






where × is the tensor product, and σij is the component of the stress tensor T.
Equation (2.60) is employed to calculate the behavior of piezoelectric transducers
by numerical calculation methods such as the finite element method (FEM).
We explain details of the governing equations using the matrix form of the equa-
tions.
We show the detailed components of Eqs. (2.56) and (2.57) using the matrix
and vector forms. We consider the three-dimensional Euclidean coordinates xi(i =
1, 2, 3), i.e., x1 = x, x2 = y, x3 = z. The components of the stress tensor and strain
tensor σij = σji and sij = sji are satisfied owing to their symmetry. Hence, the
stress tensor and the strain tensor can be represented by only the nine components
of σij (i, j = 1, 2, 3) and sij (i, j = 1, 2, 3). Similarly, the stiffness tensor cijkl
can be represented by 81 (= 34) components owing to its symmetry.
The first term of the right-hand side of Eq. (2.56) can be written by the matrix
















(1 + ν)(1− 2ν)
×

1−ν 0 0 0 ν 0 0 0 ν
· 1−2ν 0 0 0 0 0 0 0
· · 1−2ν 0 0 0 0 0 0
· · · 1−2ν 0 0 0 0 0
· · · · 1−ν 0 0 0 ν
· · · · · 1−2ν 0 0 0
· · · · · · 1−2ν 0 0
· · · · · · · 1−2ν 0














where nu is Poisson’s ratio,and Y is Young’s modulus. · shows the symmetric
components of the stiffness tensor cE .
















Equation (2.56) consist of Eqs. (2.61) and (2.62).
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Next, regarding Eq. (2.57), the first term of the right-hand side is written as,
eS =
 0 0 e15 0 0 0 e15 0 00 0 0 0 0 e15 0 e15 0














The second term of the right-hand side of Eq. (2.57) is written as,
ϵE = ϵ0






Equation (2.57) consist of Eqs. (2.63) and (2.64).






















Similarly, we define the coupled vector T̂ of the stress tensor and the electrical flux























Equation (2.56) and (2.57) are rewritten using Eqs. (2.61), (2.62), (2.63), (2.64),















The right-hand side of Eq. (2.67) is expressed by the strain tensor S and the elec-
tric field E; however, the boundary condition related to the piezoelectric transducer
is given by the displacement, force, electrical charge, and electric potential. Thus,
the right-hand side of Eq. (2.67) should be rewritten by the tensor of displacement
and the electrical potential.













2 0 0 0 0 0 0 0 0
2 1 0 1 0 0 0 0 0
0 0 1 0 0 0 1 0 0
0 1 0 1 0 0 0 0 0
0 0 0 0 2 0 0 0 0
0 0 0 0 0 1 0 1 0
0 0 1 0 0 0 1 0 0
0 0 0 0 0 1 0 1 0
0 0 0 0 0 0 0 0 2

. (2.69)
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The relation between the electrical field E and potential ϕ is written as
E = −∇ϕ = ∂
∂xi
ϕ. (2.71)














































































1 1 1 0
)
û = 0. (2.76)
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Equation (2.76) is the homogeneous elliptic partial differential equation, which
can be utilized in numerical calculation methods such as finite-element method
(FEM).
When the electrical and mechanical constraints are applied to a piezoelectric








1 1 1 0
)
û = f . (2.77)
These constraints shall be defined as the boundary conditions for the numerical
analysis, as shown in Fig. 2.3. Figure 2.3 shows the electrical and mechanical
constraints of a piezoelectric transducer. The piezoelectric transducer has four kinds
of constraints: electrical potential V , electrical charge Q, mechanical force f ,and
vibration displacement u. In an actual case, some constraints may be combined
with each other.
Figure 2.3: Electrical and mechanical constraints of a piezoelectirc transducer.
2.3.2 Equivalent circuit model
For the simplified analysis focusing on a few resonant modes, the integral form
of Eqs. (2.58) and (2.59) can be expressed as the electrical-mechanical equivalent
circuit. The equivalent circuit consists of some lumped constants, which are derived
from the approximated calculation of the governing equation written as Eq. (2.60).
The equivalent circuit is just the approximated model of the governing equations;
thus, it can be utilized around a resonant mode.
Figure 2.4 shows the equivalent circuit of a piezoelectric transducer, which can
be utilized around a resonant mode.
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Figure 2.4: Basic equivalent circuit of a piezoelectric transducer at a resonant mode.
Left-hand side of Fig. 2.4 is the electrical system and the right-hand side is the
mechanical system. The electrical system and the mechanical system are combined
by an ideal transformer whose transformer ration is 1 : Ai. Ai is the force factor.
V is the applied voltage, Cd is the static capacitance, ri, ki, and mi are the me-
chanical friction loss, the mechanical stiffness, and the density of mass,respectively,
Ie,i and Im,i are the electrical static current and the motion current. The current
Im,i represents the mechanical vibration velocity. Thus, to obtain a highly efficient
transducer, it is important to increase the current Im,i.
The mechanical impedance of Fig. 2.4 can be transformed to the primary side
(side of electrical system) by multiplying the square of the force factor as shown in
Fig. 2.5.
We explain the derivation of the lumped constant shown in Figs. 2.4 and 2.5.










where Ti is the kinetic energy at the i-th resonant mode, Mi is the equivalent mass
of the piezoelectric transducer at the i-th resonant mode, di is the vibration dis-
placement at the i-th resonant mode, ωi is the resonant angular frequency.









where Ki is the equivalent stiffness of the piezoelectric transducer.
Note that the equivalent stiffness is written using the equivalent mass and the
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Figure 2.5: Basic equivalent circuit of a piezoelectric transducer at a resonant mode
transformed to the electrical side.





Regarding Fig. 2.5, the lumped constants that are transformed to the electrical












Thus, the electrical resistance transformed in Fig. 2.5 is written as
Ri = αKi. (2.83)
Furthermore, the electromechanical coupling factor can be calculated by the







The electromechanical coupling factor is defined as the ratio of the stored energy in
the mechanical system to the stored energy in the electrical system.
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2.3.3 electromechanical coupling factor of a piezoelectric material
Here, we consider the electromechanical coupling factor of a one-dimensional piezo-
electric model [35]. For a one-dimensional longitudinal vibration wave, the constraint








where ϕ is the scalar potential of the electromagnetic field, and Dz is the electrical
flux in axis 2.

















From Eqs. (2.86), (2.87) and (2.89), we obtain the equation
ρ0∂
2uzz∂t





where k2 = e
2
cE33ϵ
S is the electromechanical coupling factor. Equation (2.89) shows
that the stiffness increases by the value of k2 when it is compared with the pure
stiffness.
Using cE33 and c
E
33, which are the stiffness when E = 0 and D = 0, respectively,
we obtain an equation to express the relation between stiffness and the electrome-
chanical coupling factor as









where UE is the electrical power accumulated when the system acts as dielectric
system and UM is the mechanical power accumulated when the system acts as the
elastic system, respectively. Note that the total energy accumulated in a piezoelectric
material is defined as U = UE + UM .
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Therefore, the relation between the total energy, the electrical power, and the







The electromechanical coupling factor is important as it allows for a high vibration
velocity and sound pressure to be obtained when the electrical power and input
voltage are limited.
Chapter 3
Basic strucuture of developed
transducer
3.1 Introduction
Input signals to parametric speakers consist of audible sound modulated by a carrier
wave, which has a bandwidth with an audible range of about 20 kHz. Sound de-
modulated in air according to self-demodulation of the amplitude modulation (AM)
has a frequency response proportional to the square of the frequency [5] [53] [54]
[55] [56]. Therefore, the use of ultrasonic transducers is required for the frequency
response of the sound pressure level to decrease by 12 dB per octave from the reso-
nant frequency. One approach to satisfying this requirement is to efficiently use the
resonant peaks of vibration of the transducers. Namely, if a dominant parameter
and governing equations are specified, the resonant peaks of vibration can be accu-
rately designed, achieving the required frequency responses of the transducers. To
study this issue, we employ transducers that consist of double-linked flat disks.
The dominant parameter and the governing equations were derived from me-




Conventional ultrasonic piezoelectric transducers using bending vibration have the
structure depicted in Fig. 3.1. This type of transducer has a radial cone and a
diaphragm, both of which are made of metal. The radial cone and the diaphragm
are fixed by a resin glue. The transducer shown in Fig. 3.1 has two resonant peaks,
38
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which are caused by the flap vibration mode of the radial cone and the diaphragm
[100]. The resonant frequencies and the vibration amplitudes of two resonant peaks
are determined by the mechanical properties and dimensions of the diaphragms and
their junction structure.
The sound pressure level of a self-demodulated sound of an AM sine wave is











where β is the parameter of nonlinearity, ωs is the angular frequency of the signal, ρ0
is the mass density of the air, c0 is the speed of sound, αc is the absorption coefficient
of the carrier wave, m is the degree of modulation, p0 is the sound pressure level of
the AM wave, r is the distance from the transducer, and a is the radius of the cross
section of the primary sound beam.
Equation (3.1) shows that the sound pressure level of the demodulated sound
is proportional to the square of the frequency of the demodulated sound. Therefore,
when the sound pressure level of the transducers decreases by 12 dB per octave, that
of the demodulated sound has a flat frequency response.
Therefore, in our design we expand the available bandwidth of the transducers
by assignment two resonant frequencies while maintaining a high Q factor. To assign
resonant peaks close to each other, the mechanical properties of the diaphragms and
the cone, i.e., the equivalent stiffness and mass of the transducers, must be closely
matched. For this reason, we proposed an ultrasonic piezoelectric transducer having
two flat diaphragms, as shown in Fig. 4.1 [99]. Diaphragm 1 is a unimorph-type
piezoelectric transducer, which consists of an adhered metal board and a piezoelectric
element. Diaphragm 2 consists of a metal board. A rod is used to link diaphragms 1
and 2 and should be made of an appropriately stiff resin to propagate the vibration
to diaphragm 2.
Systematic design of transducers requires clarifying the causes of resonance
Figure 3.1: Schematic of conventional ultrasonic piezoelectric transducer.
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and antiresonance of the transducers. Therefore, it is important to formularize the
relation between these resonant resonant frequencies and the mechanical properties
of parts of the transducers. The equivalent circuit method is useful for analyzing
and gaining an understanding of the behavior of the transducers.
3.2.2 Derivation of the equivalent circuit for the transducer
There is considerable prior research on the acoustical equivalent circuit of piezoelec-
tric transducers [59] [60]. However, the detailed design of the resonant peaks of the
transducer shown in Fig. 4.1 requires an equivalent circuit and calculation method
to estimate the circuit constants from information on the structure, dimensions, and
mechanical properties of the transducer and its parts. Therefore, we firstl derive
the equivalent circuit of the mechanical element of the transducer from Lagrange’s
equation [62] [63] [64] [65] [66] [67].
Figures 3.1 and 4.1 are abstracted as Fig. 3.3 for mathematical formulization.
The rod is made of resin and the diaphragms are made of metal. Thus, the stiffness
Figure 3.2: Schematic and photograph of proposed ultrasonic transducer and defi-
nitions of each part.
Figure 3.3: Schematic of abstracted model of transducer.
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and mass density of the rod are much less than those of the diaphragms. Addi-
tionally, the total volume of the rod is much smaller than that of the diaphragms.
Therefor, the mathematical analysis can be based on the following assumptions;
1. The mass of the rod is negligible. Hence the rod is represented by stiffness and
viscous damping. The Lagrangian and dissipation function of the rod are deter-
mined by the difference of the averaged deflection at the junction area between the
two diaphragms.
2. The mass density and the stiffness are uniform throughout diaphragms 1 and 2.
However, viscous damping is affected by the junction area and glue.
From assumption 2, all metric tensors of the mass, the stiffness, and the viscous
damping for arbitrary points in configuration space can be regarded as constants in
the calculation process. The generalized coordinate of the ith mass point includes all
three rectangular coordinates xi, yi, zi without distinction. Hence, 3N coordinates
correspond to N mass points.
By assumption 1, we consider only the general coordinates in diaphragms 1 and
2 [68] [69] [70] [71]. Indices α and γ denote those of the generalized coordinates to
clarify the components of diaphragm 1 and diaphragm 2, respectively, i.e., diaphragm
1: qα(i) and diaphragm 2: qγ(i). Here, α(i) and γ(i) are serial numbers.
When the number of the mass points in diaphragm 1 is M , α(i) and γ(i) are
α(i) = 1, 2, . . . , 3M and γ(i) = 3M + 1, 3M + 2, . . . , 3N , respectively. The
Lagrangian, kinetic energy, potential, and dissipation function for each region are
denoted by using a superscript, i.e., Lα, Tα, Uα, and Jα. Accordingly,
L = Lα + Lβ + Lγ . (3.2)
Using the Einstein summation convention, the kinetic energy, the dissipation















In the rectangular coordinate system, the formulas for dqi also hold for a gen-
eralized coordinate qi; hence, all the above equations can be rewritten with the
generalized coordinates.
Using the generalized coordinates qα(j) and qγ(j), Lagrange’s equations for di-








































= fγ(i) = 0. (3.5)






























As shown in Fig. 3.4, we define the generalized coordinates of the mass points











, γ(i) = γ(i1) · · · γ(i2). (3.11)
If the junction area is enough small, the z coordinate can be regarded as uniform in
the xy plane. We let the average of the z coordinate of the mass points xα(i) and
Figure 3.4: Schematic of two diaphragms and junction area.
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xγ(i) be z̄αβ and z̄γβ , which can be expressed as
z̄αβ =
1











From Eqs. (3.12) and (3.13), U and J of the rod resulting from stiffness sβ and









































Jβ = 0. (3.17)
In Eqs. (3.16) and (3.17), the generalized coordinates for diaphragms 1 and 2,
qα(i) and qγ(i), can be rewritten using the rectangular coordinate xα(i) and xγ(i). The
metric tensors of the mass, the stiffness, and the viscous damping can be regarded
as constants. Only the equations in the z direction are important since we take into
account bending deflection. Thus qα(i) and qγ(i) can be replaced with zα(i) and qγ(i),
respectively. Moreover, the metric tensors mij , sij , and rij can be approximated as
constants by Assumption 3 mentioned above.
Substituting Eqs. (3.14) and (3.15) into Eqs. (3.16) and (3.17) gives
mαz z̈
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where δ(α(i)=α(i1)···α(i2)) and δ(γ(i)=γ(i1)···γ(i2)) are Kronecker deltas, which are equal
to 1 if the mass points in diaphragms 1 and 2 belong to the junction area.
From infinitesimal deformation theory, the displacement in the z direction is
uniform. Therefore, Eqs. (3.18) and (3.19) can be rewritten in terms of deflection

































The total deflection of diaphragms 1 and 2 is obtained by integrating Eqs. (3.20)















































Equations (3.22) and (3.23) are ordinary differential equations (ODEs) including two
functions, Φ̄αβ and Φ̄γβ , that can be eliminated from the equations by assuming that
the deflection in the junction area is multiplying the total deflection of diaphragms
1 and 2 by a constant. Namely, define the junction coefficients ζα and ζγ as
Φ̄αβ = ζαΦ
α and Φ̄γβ = ζγΦ
γ . (3.25)





























Note that ζα and ζγ are changed by the junction area and the position of the rod in
the diaphragms.
In Eqs. (3.26) and (3.27), mαz, mγz, sαz, sγz, and rαz are determined by the
biharmonic equation of the diaphragms. In diaphragm 1, the biharmonic equations
at the differential area element ds in the junction area are represented by omitting











ds = 0, (3.28)
where Eβ is Young’s modulus of the rod, and lβ is the height of the rod.
From Eq. (3.26), each lumped constant in the ODE is associated with mαz =
ραhα, sαz = Dα∇4, and sβ = Eβ/lβ for diaphragm 1 and the rod. Similarly, these
relational expressions hold for diaphragm 2. Equations (3.26) and (3.27) can be
expressed by the lumped constant equivalent circuit shown in Fig. 4.2.
In Fig. 4.2, there are two resonant loops, i.e., loops 1 and 2. Loop 1 is a
series resonance loop including diaphragms 1 and 2. This resonance causes the
first resonant peak of the current. Loop 2 comprises two parallel resonance circuits
including the rod, diaphragm 1, and diaphragm 2. This resonance causes the second
Figure 3.5: Equivalent circuit of mechanical components of transducer having
double-linked diaphragms.
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resonant peak of the current.
Branches 1 and 2 represent diaphragms 1 and 2. Thus, the vibration displace-
ment of each diaphragm is dominated by the voltage applied to each branch, which
is equal to the applied pressure. In Fig. 4.2, the phase of the current represents the
phase of the vibration velocity of the diaphragm. At the first resonant frequency
(loop 1), the currents in branches 1 and 2 are the same. By contrast, at the second
resonant frequency (loop 2), they are opposite to each other. The vibration direction
will be confirmed by experimental results from a laser Doppler vibrometer (LDV)
later.




















The negative peak of the applied force to each diaphragm around the first resonant
peak caused by the resonance of branches 1 and 2, respectively. The magnitude
correlation of the resonant frequencies fl1, fb1 and fb2, i.e. the sequence of the
negative peaks and the first resonant peak is determined by the stiffness and the
mass of diaphragms 1 and 2.
The negative peak of the applied force of diaphragm 2 (branch 2) tends to the
sound pressure level because diaphragm 2 is closer to the observation point than
diaphragm 1. However, the negative peak does not necessarily appear in the sound
pressure level.
3.2.3 Solution of the biharmonic equation of the bending disk
In this section, we discuss the biharmonic equation of the bending plate for di-
aphragms 1 and 2 [61].
Figure 3.6 shows the model of the disk-shaped diaphragm. The radius of the
diaphragm is a, its mass density is ρ, and the viscous damping is c. We let its coor-
dinates in the cylindrical coordinate system be (r, θ, z) and define the coordinates
of the concentrated exciting force as (r0, θ0, h).









where f is the magnitude of the exciting force, ω is the angular frequency of the
exciting force, and D is the bending stiffness.
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The bending stiffnesses of diaphragms 1 and 2 are calculated as below.





In contrast, diaphragm 2 consists of the metal and the piezoelectric element,
so its bending stiffness is [81],






































where D0 and D1 are the stiffnesses, h0 and h1 are the thicknesses, and E0 and
E1 are the Young’s moduli of the metal and piezoelectric element, respectively, ν is
Poisson’s ratio, β1 = E1/E0, and β2 = h1/h0.
The wave number for the natural angular frequency ω0 and the angular fre-
















The solution of Eq. (3.30) is the sum of the general solution of the homogeneous
equation and the particular solution. The homogeneous and inhomogeneous equa-
tions of Eq. (3.30) in a steady state are expressed as
∇4ϕg − κ40ϕg = 0 (3.34)
Figure 3.6: Schematic of disk-shaped diaphragm and exciting force.
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and




The general solution of the homogeneous equation (4.3) is represented by using the





Jn(κnr) (An cos(nθ) +Bn sin(nθ))
+In(κnr) (Cn cos(nθ) +Dn sin(nθ))
]
. (3.36)
By letting the number n be zero for vibration around the fundamental natural
frequency, Eq. (3.45) is obtained. The particular solution of Eq. (4.4) is obtained
as Eq. (4.7) using the wave number κ.
The ratio of the coefficients A0 and C0 in Eq. (3.45) is defined by the boundary
condition of the bending plate. The edge of the disk-shaped diaphragm is free;
therefore, the general solution of the homogeneous equation (3.45) is derived by the
condition that the resultant share force and bending moment are equivalent to zero





∇2ϕg = 0 (3.37)
and











ϕg = 0. (3.38)
In addition, the piezoelectric element applies a bending moment to diaphragm
1, which is expressed as
M∗ = E1d31V h0
1 + β2
2 (1 + β1β2)
. (3.39)
Thus, the boundary condition of the bending moment for diaphragm 1 is expressed
as
Mgrθ +M
∗ = 0. (3.40)
Finally, the magnitude of the general solution of the homogeneous equation,
ϕg, can be determined with the Rayligh-Ritz method. The potential of the bending
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The energy of the exciting force is written as the product of the pressurized area







Here, η is the radius of the pressurized area.














The coefficient of the general solution Eq. (3.45) (found by using the Rayligh-Ritz
method) is then the solution of the following equation [85] [86] [87] [88],
∂
∂A0
(U + F +K) = 0. (3.44)
The bending stiffness of diaphragm 2 is calculated from Eq. (3.32) by using
the stiffness and the mass density of the metal and the piezoelectric element. The
excitation force exerted by the piezoelectric element is calculated by the boundary
condition for diaphragm 1, which is written as Eqs. (3.39) and (3.40).
The general solution of the homogeneous equation (3.30) for vibration around
the fundamental natural frequency is represented by using the wave number for the
fundamental natural mode κ0 as
ϕg ≃ A0J0(κ0r) +B0I0(κ0r). (3.45)
The particular solution of Eq. (3.30) is obtained as the sum of the weak solution












The general solution of Eq. (3.30) is expressed as the sum of Eqs. (3.45) and (4.7)
as ϕ = ϕg + ϕp.
As the length of the side of the rod increases, the excitation points r0 increase.
A particular solution ϕp is added for each excitation point. Therefore, the vibration
forms of the diaphragms vary according to the increase of the rod size from the
general solution ϕg. This variation of the vibration form results in variation of the
junction coefficients ζα and ζγ .
The ratio of the coefficients A0 and C0 in Eq. (3.45) are determined by the
boundary condition of the bending plate and by using the Rayligh-Ritz method. In
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where aα is the radius of the diaphragm 1 and ηα is the radius of the cross section
of the rod.
From Eqs. (3.45), (4.7), and (3.47), we see that Φα, Φ̄αβ , ζα, and ζγ are
functions of the angular frequency of the exciting force, ω, and the dimensions of
the rod (see the Appendix). When the rod has a rectangular shape, ζα and ζγ are
calculated by converting Eq. (3.47) into a rectangular coordinate system.
3.2.4 Numerical calculation
We derive the design condition to improve the frequency response of transducers by
numerical calculations.
First, we show the production conditions of the prototypes, which are used
to numerical calculation. The dimensions and the mechanical parameters of the
transducer component are listed in Tables 3.1, 3.2, and 3.3. The elastic supports
Table 3.1: Dimensions of diaphragm and rod.
Diaphragm PZT Rod
Radius Thickness Thickness Height = Side
7.5 mm 1.55 mm 0.1 mm
2.0–5.0 mm (experiment)
1.0–5.0 mm (calculation)
Table 3.2: Physical properties of the diaphragm.
Material Mass density Young’s modulus
phosphor bronze 8.80× 103 kg/m3 1.10× 102 GPa






rod acrylic resin 1.19× 103 kg/m3 3.14 GPa
elastic support polychloroprene 1.20× 103 kg/m3 10.00 MPa
CHAPTER 3. BASIC STRUCUTURE OF DEVELOPED TRANSDUCER 51
were fixed at a position of 5.0 mm, which is the node of the fundamental natural
vibration. The piezoelectric elements were fabricated by Nihon Ceratec Co., Ltd.
(Material code C). Detailed information, such as the elasto-piezo-dielectric (EPD)
matrix, is listed in Table 4.2.
When the minimum length of the side of the rods is <3.00 mm, maintaining
the directivity of the cuboid or cylindrical rod while bonding the diaphragms and
the rod becomes difficult. For this reason, the rod and the elastic supports were
cubically shaped.
We chose acryl as the material for the cubic rod because square bars of acryl of
various sizes were easy to obtain on the market. It was difficult to make acryl cubes
whose side length is 1 mm. However, the calculation results for 1-mm cubic rod are
shown to clarify the trend of the vibration of the sound pressure level.
The elastic supports made of chloroprene rubber are located at the nodes of
the fundamental resonance mode of diaphragm 1.
Figure 3.7 shows the calculation results of ζα and ζγ for each length of one side
of the rod. As shown in Fig. 3.7, the junction coefficients increase according to the
increase of the length of the side of the rods. This increase of the junction coefficient
induces the increase of the frequency gap between the two resonant peaks.
The vibration form is calculated by using the following process:
1. Calculate the exciting force at the rod by using Eqs. (3.26) and (3.27).
2. Calculate the coefficients of the general solution (3.45) by using the Rayligh-Ritz
method (see the Appendix).
3. Calculate the sound pressure level at 3 cm from the center of the upper surface
of diaphragm 2 by using the the finite difference time domain (FDTD) method.
4. Calculate the sound pressure level at 30 cm from the center of the upper surface
of diaphragm 2 by assuming spherical diffusion because the Rayleigh length of the
sound wave (30–70 kHz).
Figure 3.8 shows the FDTD calculation model. Table 3.5 lists details of the
FDTD model [75] [76] [77] [78] [79].
Figures 3.9(a) and (b) show the pressures applied to diaphragms 1 and 2, which











ϵ33/ϵ0 = 4500 Kr = 0.61 d31 = −160 S11 = 15.2
ϵ11/ϵ0 = 4700 K31 = 0.35 d33 = 280 S33 = 15.5
K33 = 0.65 d15 = 450
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are equivalent to the voltages applied to branches 1 and 2 in the equivalent circuit
(Fig. 4.2), when Q = 500 and rβ = 25rα. The sound pressure level of the sound
radiated by the transducers is almost dominated by the applied pressures as shown
in Figs. 3.9(a) and (b). As shown in Figs. 3.9(a) and (b), the magnitude of the
second resonant peak decreases according to the increase of the length of the side of
the rod. Moreover, the second resonant frequency increases according to the increase
of the sizes of the rod. These trends are common to the frequency response of the
sound pressure level, as shown in Figs. 3.10 and 3.11.
Figure 3.10 shows the calculation results for the frequency response of the sound
pressure level. In Fig. 3.10 the quality factors for the diaphragm are Q = 1000, 500,
250, and 100. The sound pressure level of the two resonant peaks decreases according
to the decrease of the quality factor.
Figure 3.7: Calculation results for the junction coefficient for four types of rods with
side lengths of (a) diaphragm 1 and (b) diaphragm 2.
Figure 3.8: Schematic of FDTD model: (a) perspective view; (b) side view.
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Figure 3.11 shows the influence of viscous damping of the rod, rβ , on the sound
pressure level. The sound pressure level of the second resonance decreases according
to the increases of rβ . However, the first resonant peak is constant, independently
of rβ . From these results we conclude that only the second resonance mode, i.e.,
loop 2 of the equivalent circuit, includes the viscous damping of the rod, rβ .
To make use of the second resonant peak, the stiffness of the rod, rβ , the
junction coefficients ζα and ζγ must be suppressed more than 1-mm cubic rod.
Figure 3.12 shows the frequency response of the sound pressure level of the target
prototype, whose rod size is 0.5 mm (depth) × 0.5 mm (width) × 1.5 mm (height).
Additionally, Q is set to 500, rβ is set to 25rα. As shown in Fig. 3.12, the sound
pressure level of the target prototype has the large second resonant peak, which is
widened by the first resonant peak.
From the calculation results shown in Figs. 3.9, 3.10, and 3.11, the design
condition to form high and wide resonant peak of the sound pressure level, i.e., the
target characteristic as shown in Fig. 3.12, can be summarized as follows:
1. Suppress the stiffness of the rod, rβ , and the junction coefficients ζα and ζγ to
shrink the frequency gap between the two resonant peaks and increase the magnitude
of the second resonant peak.
2. Suppress the viscous damping of the rod, rβ , to increase the magnitude of the
second resonant peak.
Figure 3.9: Pressure applied to (a) diaphragm 1 and (b) diaphragm 2.
Table 3.5: Dimensions used for the FDTD calculation.




1.0 mm (xy plane)
0.5 mm (z axis)
1.0 mm (xy plane)
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3.3 Experiments
3.3.1 Experimental results
The experimental results are shown to confirm the derived design condition by using
the calculation results. The production conditions of the prototypes are listed in
Tables 3.1, 3.2, 3.3, and 4.2.
Figure 3.16 shows the prototye transducers for the experiments.
First, we show the vibration velocity obtained by LDV to explain the vibration
form and the direction of diaphragms 1 and 2 [82] [83] [84]. The measured transducer
has a 5 mm cubic rod. The input voltage to the transducers was 1 Vrms. The
vibration velocities of diaphragms 1 and 2 were measured at the bottom surface and
top surface, respectively, as shown in Figs. 3.13(a) and (b). The measured surface
of diaphragms 1 and 2 are opposite to each other. Therefore, when the vibration
directions of the two diaphragms are the same, their vibration velocities are out of
phase by 180 deg. Figures 3.14 and 3.15 show the vibration velocity at the first
(43.4 kHz) and second (57.5 kHz) resonant frequencies, respectively. As shown in
Figs. 3.14(a) and (b), the vibration directions of the two diaphragms are the same
Figure 3.10: Frequency response of the sound pressure level for (a) Q = 1000, (b)
Q = 500, (c) Q = 250, and (d) Q = 100.
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at the first resonant frequency; i.e., the phase difference is ∼0 deg. In contrast, at
the second resonant frequency, the vibration directions are opposite to each other;
i.e., the phase difference is ∼180 deg. The vibration forms of the two diaphragms
are that of the first natural mode, which can be described as the general solution
Figure 3.11: Frequency response of the sound pressure level for (a) rβ = 25rα, (b)
rβ = 50rα, (c) rβ = 100rα, and (d) rβ = 200rα.
Figure 3.12: Target frequency response of the sound pressure level (rβ = 25rα,
Q = 500)
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of the biharmonic equation Eq. (3.45). As mentioned above, the vibration form is
almost determined by the general solution ϕg.
Figure 3.17 shows system used for measuring the sound pressure level.
Figure 3.18 shows the frequency response of the sound pressure level. The
input voltage was 5 Vrms and the measuring distance was 30 cm. We confirmed that
the first resonant peak does not vary and that the second resonant peak shifts to
the higher frequency side according to the increase in the length of one side, which
are equivalent to the increase in ζα and ζγ . Figure 3.7 shows the variation in the
frequency gap between the two resonant peaks.
Figure 3.13: Photographs of measured surface by LDV for (a) diaphragm 1 (bottom
surface) and (b) diaphragm 2 (top surface).
Figure 3.14: Photographs of measured results of vibration velocity at the first res-
onant frequency (43.4 kHz) by LDV for (a) diaphragm 1 (bottom surface) and (b)
diaphragm 2 (top surface).
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The magnitudes of the second resonant peaks are small in Fig. 3.18. The degra-
dation of the second resonant peaks is caused by the wide frequency gap between
the two resonant frequencies and the large viscous damping of the rod, rβ , which
are described by the calculation results. It is confirmed that viscous damping of
the rod, rβ , is large by inspection of the electrical characteristics listed in Table 3.6.
The Q factors of the second resonant frequencies are small for all prototypes. The
increase in viscous damping of the rod, rβ , is caused by the increase of the rod itself
and the increase of the glue. Figure 3.19 shows a photograph of the bonding part
(b = 2.0 mm). A large quantity of glue is applied around the rod. This is why it
Figure 3.15: Photographs of measured results of vibration velocity at the second
resonant frequency (57.5 kHz) by LDV for (a) diaphragm 1 (bottom surface) and
(b) diaphragm 2 (top surface).
Figure 3.16: Photographs of the transducer with four types of rods with side lengths
of (a) 2.0, (b) 3.0, (c) 4.0, and (d) 5.0 mm.
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is difficult to ensure flatness of the bonding surface for either a cubic or cylindrical
rod. The upper and lower surfaces of the rod are not flexible because the stiffness
of the rod is high.
In Fig. 3.18, the dotted lines show the criterion used to evaluate whether the
sound pressure level of the transducers satisfies the ideal frequency response, i.e.,
the inverse response of the sound pressure level of demodulated sound expressed by
Eq. (3.1). This criterion to evaluate transducer performance was determined by
considering the following conditions:
Figure 3.17: Schematic of the system used for measuring the sound pressure level.
Figure 3.18: Measured sound pressure level of the transducer with four types of rods
with side lengths of (a) 2.0, (b) 3.0, (c) 4.0, and (d) 5.0 mm.
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1. The input signal used was the lower sideband modulation (LSB) and the carrier
wave.
2. The frequency of carrier wave, fc, was set to one of the resonant frequencies
(higher resonant peak).
3. The bandwidth of the demodulated sound should be between 500 Hz and 10 kHz.
4. The target sound pressure level should be 120 dB SPL at fc − 500 Hz.
From condition 1, the sound pressure level in the frequency range lower than the
carrier frequency fc is focused. Condition 3 is due to the difficulty in demodulating
low-frequency sound. Condition 4 is invoked so that the sound pressure level of each
transducer reaches the threshold level of the second harmonic wave generation at a
distance of <2 m [80].
If a measured sound pressure level is much lower than the level indicated by
the dotted lines, the transducer’s input voltage needs to be significantly boosted to
satisfy the ideal frequency response. In the frequency range between the resonant








2.0 mm first 42.9 kHz 571.7 3.79× 10−2 S
second 53.2 kHz 68.2 4.20× 10−3 S
3.0 mm first 42.8 kHz 356.9 2.74× 10−2 S
second 55.1 kHz 70.6 4.72× 10−3 S
4.0 mm first 42.9 kHz 357.6 2.61× 10−2 S
second 56.2 kHz 68.2 4.63× 10−3 S
5.0 mm first 42.8 kHz 237.9 1.37× 10−2 S
second 57.2 kHz 64.7 3.53× 10−3 S
Figure 3.19: Photograph of the bonding part of the transducer with a standard rod
with a side length of 2.0 mm.
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frequencies (42.7–39.0 kHz), the measured frequency responses (a)–(d) are much
lower than those indicated by the dotted lines.
3.3.2 Improvement of structure
The solutions to achieve the target frequency response of the sound pressure level,
mentioned in the previous section are as follows:
1. Suppress the excess increase in the equivalent stiffness and viscous damping by
adjusting ζα and ζγ .
2. By expanding the area of the bonding surface, stabilize the bonding with a small
amount of glue.
For solutions to 1 and 2, we propose a bobbin-structured rod, as shown in Fig.
3.20.
It is difficult to exactly control the radius because the cylinder part must be
processed by micromachining. Therefore, the radius of the cylinder part is the
finished dimension.
The bobbin-structured rod is made of acrylonitrile butadiene styrene (ABS)
copolymer resin because of the ease with which it can be processed. It was difficult
to fabricate the micro bobbin-structured rod by using acrylic resin, because this
material easily cracked in the machining process. Therefore we chose ABS resin as
the material of the rod.
The bonding surface is expanded and given flexibility by using two thin flange
parts. The excess increase in ζα and ζγ can be suppressed because the bonding
stability is ensured with a small amount of glue and the cylinder part of the rod can
be narrow. This rod structure has many advantages, such as the ease of manufac-
turability of the rod itself and its stability during the adhesive curing process. Table
3.7 lists the electrical characteristics and Fig. 3.21 shows the frequency response of
Figure 3.20: (a) Schematic and (b) photograph of the transducer with a bobbin-
structured rod.
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the sound pressure level of the bobbin-structured rod.
Figure 3.21 is close to the calculated target sound pressure level Fig. 3.12. This
transducer has a large second peak; therefore, the carrier frequency can be set to
the second resonant frequency. Accordingly, we drew the dotted line for the ideal
frequency response from the second resonant frequency. The conductance and Q
factor of the second resonant peak greatly improved and the frequency gap between
the first and second resonant peaks decreased to 2.2 kHz.
In the frequency range of the second resonant frequency (45.0–42.0 kHz), the
measured frequency response is close to that indicated by the dotted line. In the
frequency range lower than 42.0 kHz, the measured frequency response is higher than
that indicated by the dotted line. This result shows that the improved transducer
almost satisfies the ideal frequency response without high-gain boost.





frequency Q factor Conductance
first 42.8 kHz 950.4 2.64× 10−2 S
second 45.0 kHz 333.8 3.70× 10−2 S
Figure 3.21: Measured sound pressure level of the improved transducer with a
bobbin-structured rod.
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3.4 Summary
Through a theoretical analysis and the use of experiments, we presented a system-
atic design of an ultrasonic piezoelectric transducer for parametric speakers with
double-linked diaphragms. We focused on controlling the resonant frequency and
the magnitude of the resonant peaks while maintaining the mechanical quality fac-
tor as an approach to achieve the ideal frequency response of the sound pressure.
The ideal frequency response of the sound pressure level was defined as the inverse
frequency response of the sound pressure of the self-demodulation sound of the AM
wave, i.e., −12 dB/octave, passing through the neighborhood of the resonant peak
used as the carrier frequency.
It is important to utilize the second resonant peak to form the ideal frequency
response. We established a design method to make use of the second resonant peak.
Namely, we clarified that the most important design factors are restraints on the
rod size and the high stability of the bonding of the rod. The theoretical calculation
results indicated that narrowed rods contribute to the ideal frequency response of
the sound pressure level having the widened and enhanced peak.
The improved transducer structure was proposed with due consideration of
manufacturability. The key part of the improved transducer is the bobbin-structured
rod, which has two thin flanges. The bobbin-structured rod ensures the bonding
stability and restraints on the diameter of the rod. The improved transducer nearly
satisfies the ideal frequency response of the sound pressure level.
Chapter 4
Transducer having mode control
function
4.1 Introduction
In chapter 3, we showed the design method to obtain two close resonant peaks of a
piezoelectric transducer having double-linked diaphragms [99]. Design methods are
derived as two ordinary differential equations (ODEs) and an electrical-mechanical
equivalent circuit. These design method were very useful in optimizing the junction
structure between two diaphragms. We fabricated piezoelectric transducers having
two close resonant peaks in our previous paper. Two close resonant peaks of this
desingned transducer were expected to enable to boost of low and middle range
self-demodulated sounds. This paper shows the further developed design method to
improve the electro-acoustic efficiency and the sound pressure of the demodulated
sound. Points of improvement are, 1: optimization of the position, the dimensions
and the material of the junction rod, 2: addition of an electric signal input to enable
control vibration modes. Two ODEs and the equivalent circuit are employed again
to design a newly developed transducer. In section 2, the basic theory to design
new transducer and results of numerical calculation are denoted. In section 3, the
experimental results of a designed transducer are shown.
4.2 Design methodology
4.2.1 Basic structure of ultrasonic transducer having double-linked
diaphragms
The sound pressure of a demodulated sound of a parametric speaker monotonically
increases as the frequency of the demodulated sound increases [1] [5] [6]. Therefore,
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it is necessary to boost the sound pressure in the vicinity of a resonant peak by
improving transducers, to obtain rich sound in mid-range by parametric speakers.
Here, we review the idea denoted in chapter 3. More than two resonant peaks
are useful in boosting the sound pressure in the vicinity of a resonant peak with
maintaining the mechanical quality factor (Q factor). We proposed an ultrasonic
transducer which has two diaphragms linked by a resin rod. Figure 4.1 shows the
proposed transducer in our previous paper. In Fig. 4.1, diaphragm 1 is a unimorph-
type piezoelectric transducer consisting of an adhered metal board and a piezoelec-
tric element. Diaphragm 2 is a metal board. A resin rod is used to link diaphragms
1 and 2. The resin rod must be made of an appropriately stiff resin to propagate
the vibration to diaphragm 2. The dimensions and materials of two diaphragms are
same. Two close resonant peaks are obtained by the proposed ultrasonic transducer.
By the Euler-Lagrange equation, the vibration displacement in the thickness
direction is written by two ODEs with lumped constants as [62] [81] [99]
mαΦ̈α + rαΦ̇α + sαΦα +
[







mγΦ̈γ + rγΦ̇γ + sγΦγ −
[






Note that ζα and ζγ are the junction coefficients, i.e. the ratio of the sum of the
vibration displacement in the junction area to that of the whole diaphragms, which
depends on the junction area and the position of the rod in the diaphragms. In
Eqs. (4.1) and (4.2), mα, mγ , sα, sγ , and rα are determined by the biharmonic
Figure 4.1: Schematic of proposed ultrasonic transducer and definitions of each part.
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equation of the diaphragms. Suffixes α, γ and β mean diaphragm 1 and 2, and rods,
respectively.
When the values of the junction coefficients ζα and ζγ are approximately equal,
Eqs. 4.1 and 4.2 are expressed as the lumped constant equivalent circuit shown in
Fig. 4.2.
Branches 1 and 2 represent diaphragms 1 and 2. The voltage Fα is the excitation
force caused by the piezoelectric element of diaphrmagm 1.　 In Fig. 4.2, there are
two resonant loops, i.e., loops 1 and 2. Loop 1 is the series resonant loop including
diaphragms 1 and 2. This resonance causes the first resonant peak of the current.
Loop 2 comprises two parallel resonance circuits including the rod, diaphragms 1
and 2. This resonance causes the second resonant peak of the current.
In Fig. 4.2, the current represents the vibration velocity of the diaphragm. At
the first resonant frequency (loop 1), the currents in branches 1 and 2 flow same
direction. By contrast, at the second resonant frequency (loop 2), two electrical
currents flow opposite direction to each other.
4.2.2 Basic theory of design to develop transducer
The transducer shown in Fig. 4.1 has two points to be improved, which are 1:
optimization of position, dimensions and material of junction rod, 2: addition of
electric signal input to enable control vibration modes. Point 1 is related to the
durability against mechanical pressures applied to the junction rod. Point 2 is
related to the control of the direction of the electrical current in the mechanical
equivalent circuit Fig. 4.2. In this subsection, we denote the basic theory of these
Figure 4.2: Equivalent circuit of mechanical components of transducer having
double-linked diaphragms.
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points using electromechanical equivalent circuits and analytical formulas.
[Point 1]
The transducer shown in Fig. 4.1 has one resin rod. This structure is designed
to decrease the junction coefficients ζα and ζγ , to bring two resonant frequencies
near. Although this resin rod may not endure strong mechanical forces applied to
rod when the high voltage is applied to the piezoelectric element. If some metal
rods are available, the durability against mechanical forces rises. The stiffness sβ
in the equivalent circuit of metal is much larger than that of resin. Therefore, it
is necessary to find a method to use metal rods with keeping a low value of the
mechanical reactance of the rod transformed to the side of diaphragm 1, ζα/jωsβ .
When metal rods are used, the position of it must not be located at the centers of the
diaphragms. The junction coefficients ζα and ζγ take maximum values when the rod
is located at centers of diaphragms. On the contrary, the junction coefficients take
minimum values when the rod is located around the nodes of vibration form. This is
explained by equations as below. To consider the condition to suppress the junction
coefficients, we abstracted the basic structure of the transducer, i.e. a bending disk
and an excitation point, as show in Fig. 4.3.
The homogeneous and inhomogeneous equations expressing the vibration of a
disk in a steady state are represented as [59] [60] [61]
∇4ϕg − κ40ϕg = 0 (4.3)
and
∇4ϕp − κ4ϕp =
F
Dr
δ(r − r0), (4.4)
Figure 4.3: Schematic of disk-shaped diaphragm and excitation force.
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where ω0 is the wave number for the natural angular frequency and ω is the angular
















　The soulutions of the natural mode of Eqs. (4.3) and (4.4) are written as [90] [91]
[92]















where J0(κ0r) and Y0(κ0r) are the Bessel functions of the first and second kind
(order is zero), I0(κ0r) and K0(κ0r) are the modified Bessel functions of the first
and second kind (order is zero), A0 and B0 are the coefficients of Bessel functions,
r is the absolute value of the position vector r.
The vibration form of the bending disk is represented by the sum of the solution
Eqs. (4.6) and (4.7). The coefficients of Eq. (4.6) are decided by energy equations
such as the Rayleigh ‒ Ritz method.
As shown in Fig. 4.3, the bending disk and the excitation area by an external
force are expressed as the Γ and η, respectively. The excitation area corresponds to








For simplification, we consider the case that a junction area is a point on
the disk. When the disk has the circular shape, the integral of the solution ϕg
becomes zero by Eq. (4.19). Moreover, the particular solution of the inhomogeneous
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The solution ϕg of the homogeneous equation Eq. (4.6) becomes zero, when the
excitation area is a point which is located at nodes of the vibration displacement.
On the other hand, the solution ϕp of the inhomogeneous equation Eq. (4.7) is not
equal to zero. Therefore, ζ becomes zero when the junction area is located at the
node of the vibration as blow.
It is proved that the sum total of the bending displacement of circular disk
becomes zero under the plane stress condition.





ϕgdS = 0. (4.12)








where dS is the surface element, r is the radial coordinate, R is the radius of the
circular disk.
If ϕand ψ are both twice continuously differentiable on Γ, Green’s second















where dl is the circumference element, n is the normal vector of the boundary, and
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where Qgr is the share force in radial direction and D is the bending stiffness.
From Eqs. (4.17) and (4.18), the sum total of the bending displacement be-
comes ∫∫
Γ
ϕgdS = 0. (4.19)
The junction coefficients of points around the nodes of vibration are close to
zero by the continuity of the solutions Eqs. (4.6) and (4.9). Actual junction areas
can be considered as the superposition of numbers of excitation points. From these
consideration, it is concluded that the junction coefficient is suppressed when the
rod is located at the neighborhood of the nodes of the vibration.
[Point 2]
Two resonant modes correspond to loops 1 and 2 in the equivalent circuit
Fig. 4.2, respectively. These resonant modes can be controlled by the direction
of the currents Φ̇α and Φ̇γ in the equivalent circuit. To control the direction of
these currents, two voltage sources are needed. Thus, we consider to add a voltage
source in the equivalent circuit as shown in Fig. 4.4. This additional voltage source
means the excitation force by the piezoelectric element on the diaphragm 2. For
the transducers having two piezoelectric elements, the second ODE with lumped
Figure 4.4: Equivalent circuit of mechanical components of transducer having
double-linked diaphragms and double piezoelectric elements.
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constants is rewritten as
mγΦ̈γ + rγΦ̇γ + sγΦγ −
[





= Fγ . (4.20)
The solution of Eqs. (4.1) and (4.20) are decided by the right hand side of these
ODEs, i.e. the excitation force of the piezoelectric elements. Equations (4.1) and
(4.20) are rewritten for a Fourier component by the matrix form as [93] [94] [95],[(
sα + sβζα −sβζγ




rα + rβζα −rβζγ
















Two diaphragms of the transducer shown in Fig. 4.1 have same dimensions, thus
all values of mechanical components are equal, i.e., sα = sγ = s, mα = mγ = m,






r + rβζ −rβζ
















The terms of the left-hand side of Eq. (4.22) are the stiffness matrix, damping
matrix and mass matrix, respectively. The natural frequencies and the natural
vibration modes are calculated as the eigenvalues and eigenvectors of the stiffness
matrix of Eq. (4.22), respectively. The resonant angular frequencies ω1 and ω2 of











The eigenvectors of the vibration displacements and velocities of two diaphragms
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where A1 and A2 are the coefficients of eigenvectors. The first and second eigenvec-
tors correspond to the first and second eigen frequencies, respectively. The subscripts
1 and 2 mean the first and second eigen modes, respectively. The excitation forces
Fα and Fγ corresponding to the natural frequencies and eigenvectors of vibration

























s+ 2sβζ + j(r + 2rβζ)ω
m
. (4.27)
Equations (4.25) and (4.26) mean that the first and second eigenmodes of the
vibration which are expressed as loops 1 and 2, respectively, in the equivalent circuit
Fig.4.4. At the first natural mode, the excitation forces Fα,1 and Fγ,1 are equal
in magnitudes and phases. On the other hand, at the second natural mode, the
excitation forces Fα,2 and Fγ,2 are equal in magnitudes and opposite in phases. Note
that the electrical inputs and mechanical excitation forces have in-phase relation,
which is given by the configuration of the physical coordinates and direction in the
equivalent circuit Fig. 4.4, and ODEs Eqs. (4.1) and (4.20). All solutions of Eqs.
(4.1) and (4.20) are expressed as the superposition of the natural modes Eq. (4.25),
which are excited by the excitation force Eq. (4.26).
4.2.3 Detailed design of transducer
We denote the detailed design of the transducer having double-linked diaphragms
based on two design points above in previous subsection.
Figure 4.7 shows the schematic and dimensions of a rod. The rod consists of
a hollow bobbin-structured metal cylinder and a resin shaft. The hollow bobbin-
structured cylinder and the resin shaft are made of duralumin A2017 and ABS resin,
to reinforce the junction structure. Figures 4.8 shows the schematics of the designed
transducer. Three rods are used to connect two diaphragms. The centers of three
rods are arranged on the nodes of the fundamental vibration of the diaphragms,
which are located 5 mm from the centers of the diaphragms. The transducer is
housed in a resin box (ABS resin), which are employed to arrange the directivity
of sonic fields. Diaphragms 1 and 2 have the flap vibration mode as shown in Figs.
4.13 (a), (b), (c) and (d). Therefore the sound pressure of the ultrasonic radiated
from two diaphragms is dispersed to all directions. The resin box was employed to
arrange the directivity of the sound pressure.
To confirm the effect of the resin box, we show the calculation results of the
emission patterns of the sound pressure level, which were calculated by the finite-
element-method (FEM) [96] [97] [98]. Figure 4.5 shows the plane in which the
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emission patterns of the sound pressure level was calculated. Figures 4.6 (a) and (b)
show the numerical calculation results of the emission patterns of the sound pressure
for the first and second resonant modes. The distance between the top of the resin
box and the observation point was 20 cm. The solid lines and dot lines in Figs.
4.6 (a) and (b) show the emission patterns when the transducer has the resin box
or not, respectively. As shown in Figs. 4.6 (a) and (b), the sidelobes of the sound
pressure are suppressed by the resin box. It was confirmed that the resin box is
useful in suppressing the sidelobes by this calculation results.
Figure 4.5: Plane in which the emission pattern of the sound pressure was calculated.
Figure 4.6: Numerical calculation restuls of emission pattern of sound pressure.
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Figure 4.9 shows the configuration of the electrical connection. Two metal
boards of two diaphragms are electrically connected via the rods. In Fig. 4.9, vα
and vγ mean two input voltages to two piezoelectric elements. Two diaphragms are
connected to the return electrodes and the opposite sides of piezoelectric elements
are connected to two hot electrodes.
Table 4.1 shows the physical properties of metal cylinders, resin shafts, di-
aphragms and elastic supports. The elastic supports were fixed at a position of
5.0 mm, which is the node of the fundamental natural vibration. The piezoelectric
Figure 4.7: Schematic of rod consists of metal cylinder and resin shaft.
Figure 4.8: Schematic of transducer having double-linked diaphragms and double
piezoelectric elements.
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elements were fabricated by Nihon Ceratec Co., Ltd. (Material code C). Detailed
information, such as the elasto-piezo-dielectric (EPD) matrix, is listed in Table 4.2.
4.2.4 FEM simulation
The detailed dimensions are decided by numerical simulation by finite-element-
method (FEM). FEM calculation was executed by FEMTET (Murata Software Co.,
Ltd.).
Figures 4.10 (a) and (b) show the frequency response of the electrical conduc-
tance and susceptance of the transducer of diaphragms 1 and 2. The frequency
Figure 4.9: Configuration of electrical connection of transducer.










A2017 2.70× 103 69.9
diaphragm
phosphor bronze
C5210 8.80× 103 110.0
elastic
support polychloroprene 1.20× 103 0.10











ϵ33/ϵ0 = 4500 Kr = 0.61 d31 = −160 S11 = 15.2
ϵ11/ϵ0 = 4700 K31 = 0.35 d33 = 280 S33 = 15.5
K33 = 0.65 d15 = 450
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response of the electrical conductance represents the sum of the vibration velocity
of each diaphragm. As shown in Figs. 4.10 (a) and (b), both of two diaphragms
have two resonant peaks. The first resonant frequency is 51.6 kHz, and the second
resonant frequency is 52.8 kHz. Due to the location of the rods around the vibration
nodes of the disk, two resonant frequencies become close in 1.2 kHz.
Figures 4.11 (a) and (b) show the frequency response of the vibration velocity
at the center of diaphragm 2. Figure 4.11 (a) shows the frequency response of the
vibration velocity of diaphragm 2 when the signal voltage is applied to either one of
two diaphragms. Frequency range is from 50 to 55 kHz, which includes both of two
resonant frequencies 51.6 kHz and 52.8 kHz. Figure 4.11 (b) shows the frequency
response of the vibration velocity when two input voltages are applied to both of
two diaphragms. The phase difference of two electrical inputs in Fig. 4.11 (b) is 0,
90 and 180 deg.
As mentioned in previous subsection, all vibration modes are expressed as the
superposition of the eigenvectors of the vibration velocities Eq. (4.25), which are
excited when the phase difference of two electrical inputs is 180 deg. and 0 deg.
In Fig. 4.11, it is confirmed that the resonant peaks of the vibration velocity of
transducer are varied, i.e. the first and second resonant peaks are enhanced when
the phase difference of two electrical inputs is 180 and 0 deg.
If the phase difference of two electrical inputs is gradually changed from 0 deg.
to 180 deg. with maintaining equal vibration magnitude, the magnitude of the first
resonant peak increases and that of the second resonant peak decreases. When the
phase difference of two diaphragms is not equal to either of 0 deg. or 180 deg., two
Figure 4.10: Numerical calculation results of frequency response of electrical admit-
tance.
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resonant peaks appear. For example, when the phase difference of two electrical
inputs is 90 deg., the frequency response has two resonant peaks as shown in Fig.
4.11 (b). This transition is shown as the transition from the line of 0 deg. through
90 deg. to 180 deg. in Fig. 4.11 (b).
Moreover, if the ratio of the magnitudes of two electrical inputs gradually
changes from one to zero with maintaining the phase difference as 0 deg. or 180
deg., the frequency response shifts from the single peak response to the double
peaks response. This transition is shown as a shift from the line of 0 deg. or 180
deg. in Fig. 4.11 (b) to the line of diaphragm 2 in Fig. 4.11 (a).
Figures 4.12 (a) and (b) show the frequency response of the sound pressure level.
The distance between the top of the resin box and the observation point was 20 cm.
Figure 4.12 (a) shows the frequency response of the sound pressure level when the
signal voltage is applied to either one of two diaphragms. Figure 4.12 (b) shows the
frequency response of the sound pressure level when two input voltages are applied
to both of two diaphragms. The phase difference of two input volatages in Fig. 4.12
(b) is 0, 90 and 180 deg. As shown in Figs. 4.12 (a) and (b), the frequency response
of the sound pressure level has the same behaviour of the vibration velocity at the
center of diaphragm 2. The magnitude of the second resonant peak is much larger
than that of the first peak. This difference of the magnitude of the resonant peaks is
due to the vibration form of diaphragms. The vibration form of two diaphragms are
different, as shown in Figs. 4.13 (a), (b), (c) and (d). Thus the sound pressure levels
at two resonant frequencies are different each other. Figures 4.13 (a), (b), (c), and
(d) show the schematic of the calculation results of vibration form of two resonant
peaks. Figures 4.13 (a) and (c) show the vibration form of the first resonant mode,
which is excited when the phase difference of two input voltages is 180 deg. Figures
4.13 (b) and (d) show the second resonant mode, which is excited when the phases
of two input voltages are equal. Two input voltages can be employed to enforce
either of two vibration form on the transducer.
Figures 4.13 (a), (b), (c) and (d) show the vibration modes corresponding to
the first and second resonant peaks.
4.3 Experiment
4.3.1 ultrasonic characteristics
Figure 4.14 shows a picture of a manufactured prototype of transducer. The proto-
type was manufactured based on Figs. 4.7 and 4.8. In Fig. 4.14, the edges of two
diaphragms were coated by adhesives to prevent chipping of piezoelectric elements.
Figures. 4.15 (a) and (b) show the electrical conductance and susceptance of
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prototype transducer, respectively. The electrical admittance was measured by the
impedance analyzer IM3570 (HIOKI E.E. CORPORATION). Input voltage was 1.0
Vrms. Diaphragms 1 and 2 have the first and second resonant peaks at 51.3 kHz and
52.5kHz, respectively.
Figure. 4.16 shows the measuring system of the vibration velocity of diaphragm
2. The vibration velocity at the center of diaphragm 2 was measured by Laser
doppler vibrometer (LDV). Figures 4.17 (a) and (b) show the experimental data of
vibration velocity by LDV. Figure 4.17 (a) shows measured vibration velocity at the
Figure 4.11: Numerical calculation results of frequency response of vibration velocity
of diaphragm 2.
Figure 4.12: Numerical calculation results of frequency response of sound pressure
level.
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center of diaphragm 2 when the input voltage is applied to either of two diaphragms.
Figure 4.17 (b) shows the vibration velocity of diaphragm 2 when the input voltages
are applied to both of two diaphragms (phase difference is set to 0, 90 and 180 deg).
As shown in Fig. 4.17 (b), the first and second resonant peaks are boosted when
the phase difference of input voltages is set to 180 and 0 deg, respectively. Due to
Figure 4.13: Schematic of numerical calculation results of vibration mode.
Figure 4.14: Picture of transducer having double-linked diaphragms and double
piezoelectric elements.
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the production tolerance, the vibration velocity does not become the single peak
response.
Figure. 4.18 shows the measuring system of the sound pressure level of the
transducer. PXI platform (National Instruments Corporation) was employed as the
central measuring system. The distance between the microphone Type 4936-A-011
and the top of the box of the transducer was 20 cm. Experimental conditions were;
- Measuring system: Fig. 4.18
- Room: Anechoic chamber in Waseda University
- Input signal: Sweep tone (50.0 ‒ 55.0 kHz, 5 Vrms),
- Microphone and conditioning amplifier: Type 4936-A-011and Type 2690-A
- Distance between the microphone and the top of the resin box: 20 cm.
Figures 4.19 (a) and (b) show the experimental data of the sound pressure
level of ultrasonic. As shown in Fig. 4.19 (b), both peaks are boosted as with the
vibration velocity of diaphragm 2.
4.3.2 Audible sound characteristics
The frequency response of the demodulated audible sound was measured using two
ultrasonic signals, i.e. a pure tone signal and a chirp signal. The audible sounds are
demodulated in the air as the difference frequency sounds of them. To maximize
the sound pressure level of the difference sounds, the frequency of the pure tone
must be set to one of the two resonant frequencies of the prototype transducer.
We set the frequency of the pure tone to the first resonant frequency 51.5 kHz.
The frequency of the chirp signal was set around 52.5kH. Thus, it is expected that
Figure 4.15: Measured frequency response of electrical admittance.
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the peak of the sound pressure level of the demodulated audible sound is located
around 52.5− 51.5 = 1.0 [kHz]. The sound pressure level of the demodulated sound
was measured with changing the phase difference of input voltages applied to two
diaphragms. Sound level meter NL-32 (RION Co., Ltd.) was employed as the
microphone for audible sounds.
The frequency response of the demodulated audible sound was measured as the
experimental conditions as below;
- Measuring system: Fig. 4.18
- Room: Anechoic chamber in Waseda University
Figure 4.16: Schematic of measuring system of LDV.
Figure 4.17: Measured frequency response of vibration velocity of diaphragm 2.
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- First signal = pure tone (frequency = 51.5 kHz, phase difference = 0, 180deg, 5
Vrms)
- Second signal = chirp signal (frequency = 52.0 ‒ 61.5 kHz, phase difference = 0,
180 deg., 5 Vrms)
- Microphone: Sound level meter NL-32
- Distance between the microphone and the top of the resin box: 20 cm.
Figures 4.20 (a) and (b) show the measured frequency response of the sound
pressure level of the demodulated audible sound. Figure 4.20 (a) shows the fre-
quency response of the sound pressure level when voltage is applied to either of
two diaphragms. Figure 4.20 (b) shows the frequency response of the sound pres-
Figure 4.18: Schematic of measuring system of sound pressure level.
Figure 4.19: Measured frequency response of sound pressure level of ultrasonic.
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Figure 4.20: Measured frequency response of sound pressure level of self-
demodulated sound.
sure level when input voltages are applied to both of two diaphragms. All of the
frequency responses of the sound pressure level have the peaks around 1 kHz. In
Fig. 4.20 (b), the peaks of the sound pressure level were maximized when the phase
differences of two pure tones and two chirp signals are set to 180 deg. and 0 deg.,
respectively. These results are as expected by the ultrasonic characteristics shown
in Figs. 4.19 (a) and (b).
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4.4 Summary
In this chapter, we designed the ultrasonic transducer having double linked di-
aphragms for parametric speakers, which enables to boost mid-range audible sounds.
The transducer was designed based on the basic theory, i.e. point 1: design to make
close the two resonant frequencies by the control of the junction coefficient between
two diaphragms, point 2: design to enhance the resonant peaks by the control of the
phase difference of two input signals. About point 1, it was derived that two resonant
frequencies become close when junction rods are placed around the vibration nodes
of the natural mode of bending disks. About point 2, it was derived that the phase
difference of two input voltages is able to control vibration mode of two diaphragms.
We arrived at the conclusion of theoretical consideration that the first and second
resonant peaks are enhanced when the phase difference of two input voltages is 180
deg. and 0 deg., respectively. Based on the theoretical consideration, prototype
ultrasonic transducer was designed by these design points. It was verified by FEM
and experiments that the detailed design of the ultrasonic transducer fulfills the
characteristics required to boost the mid-range demodulated sounds. The frequency
responses of the demodulated sounds were measured using two ultrasonic signals,
i.e., pure tones and chirp signals. The mid-range sounds were enhanced when the





In this chapter, we discuss methods used to design peripheral acoustic structures.
The peripheral acoustic structures include radial cones, a baffle case, and a loop
horn attached to the transducer array. The study of piezoelectric transducers in
this thesis is completed by this study of the peripheral acoustic structures. The
purpose of this study is to fabricate slim-sized parametric speakers that can be
installed in various equipment. To achieve this purpose, it is important to minimize
the sizes and numbers of transducers. The parametric speaker originally uses many
piezoelectric transducers to achieve two purposes: 1. large sound pressure level
of ultrasonic waves and and 2. narrow directivity of ultrasonic waves. From the
point of view of the directivity of the sound pressure level, one general piezoelectric
transducer has a wide directivity, for example cardioid-shaped directivity. Thus, to
generate a narrow directive ultrasonic field, several transducers are needed.
In this chapter, it is shown that a small array consisting of four developed
transducers achieved a high sound pressure level and narrow directivity when radial
cones were added. Moreover, the magnitude and directivity of the sound pressure
level at the resonant frequencies was improved by the loop horn.
These results suggest that our developed transducers can be used to achieved
slim-sized parametric speakers that consist of a few transducers.
5.2 Outline of additional structure
In Chapters 2 and 3, we described the basic structure of developed transducer, i.e.,
the transducer that has the function of resonant frequency control by two input volt-
age channel. To improve the efficiency of electro-acoustic conversion of transducer,
we should add two mechanical and acoustic components.
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5.2.1 Outline of a radial cone
We first add the radial cones, which work as a kind of displacement magnification
mechanism. In general, piezoelectric ultrasonic transducers have a radial cone as
shown in Figs. 5.1. Radial cones make it possible to increase the sound pressure
level radiated from piezoelectric transducer. There are previous studies related to
radial cones [100].
A radial cone is usually made of a light metal, such as a plate of aluminum alloy.
The aluminum alloy plate is deformed into a cone shape by using a turret punch press
and finally it is adhered to a diaphragm by adhesives. Theoretical analysis of radial
cones requires knowledge related to complicated shell vibration [101] [102] [103] [104].
In this thesis, we utilized FEM and abstracted lumped constants expressed in the
equivalent circuit to analyze the influence of the design parameters of radial cones
on the resonant frequencies and the sound pressure level.
Figure 5.1: Schematic of the general structure of a piezoelectric transducer.
Here, we confirm the behavior of radial cones using a finite-element-method
(FEM) calculation by FEMTET (Murata Software Co., Ltd.) Figures 5.2 and 5.3
show the FEM model and calculated vibration form at a resonant frequency (39.75
kHz). As shown in Fig. 5.3, the vibration displacement concentrates on the radial
cone. This result suggests that the radial cone works as a displacement magnification
mechanism.
Because our developed transducer is larger than the piezoelectric transducer
sold on the market and has two diaphragms, we must consider the following two
design conditions:
Requirement 1. A dummy horn is necessary to maintain the function of the resonant
mode control.
Requirement 2. A contact part design must be used between diaphragms and cone
Requirement 1 is due to the number function of the resonant mode of the
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developed transducer, i.e., to maintain the balance between diaphragms 1 and 2 of
the developed transducer a dummy cone is necessary. Requirement 2 is related to the
stability and strength of the adhered part between the radial cones and diaphragms.
If the bonding area is not sufficient, the mechanical constants, i.e., the mechanical
compliance in the mechanical equivalent circuit, becomes unstable and large. In this
case, the vibration force transmitted to the radial cones decreases and reduces the
efficiency of the displacement magnification.
Detailed solutions and design results are described in the next section.
Figure 5.2: Schematic of the FEM model of a general transducer.
Figure 5.3: Schematic of the vibration form of a general transducer at the resonant
frequency (Resonant frequency = 39.75 kHz).
5.2.2 Basic idea of a loop horn
We proposed a special horn that we call the loop horn. The loop horn is a kind
of sonic crystal having a periodic structure and some resonant frequencies and
bandgaps. In this section, the basic idea of the loop horn is explained. To fab-
ricate a small parametric speaker system having a high sound quality, directivity
control is important. As the cross section area of the small size parametric speaker
is small, the directivity is wide, which means that the end fire array of the imaginary
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sound source is expanded in various directions. Therefore, the main beam of the end
fire array of the imaginary sound becomes weak. To obtain narrow directivity, we
consider an external adapter, which is a kind of horn. The main aim of this ultra-
sonic horn is to control the directivity of the ultrasonic wave, i.e., it is not necessary
to control demodulated audible sound.
The horn can also enhance the sound pressure level owing to acoustic reso-
nances. Although a general solid horn can excite the acoustic resonances, which
are defined by the dimensions of the horn, if other types of horn can excite more
acoustic resonances, they can be utilized to enhance the sound pressure radiated
from transducers.
The main goals, which are 1. to obtain narrow directivity and 2. to enhance the
sound pressure, can be achieved by using a horn that consists of an acoustic metama-
terial. Acoustic metamaterials includes double-negative acoustic materials, phononic
crystals, and sonic crystals. The theory of double-negative acoustic materials is con-
structed based on the analogues of double-negative electromagnetic metamaterials.
In this thesis, we focused on sonic materials for the peripheral acoustic structure of
the developed piezoelectric transducer. Before describing the mechanism through
which the loop horn works, we provide a background on acoustic metamaterials.
Double-negative electromagnetic metamaterials have a negative permeability µ
and permittivity ϵ. Hence, double-negative electromagnetic materials have a nega-




µ. This theory was established by Victor Georgievich
Veselago in 1968 [105]. Acoustic metamaterials have been studied based as analogues
to electromagnetic metamaterials. Regarding acoustic metamaterial, the refractive





where ρ is the mass density and β is the bulk modulus of the material. Equation
(5.1) shows the Veselago solution for acoustic metamaterials. The negative mass
density ρ and negative bulk modulus β are not found in natural materials; thus,
these negative constants must be artificially fabricated. Some researchers reported
that double-negative acoustic metamaterials [106] [107].
Phononic crystals and sonic crystals are the same from the point of view of
materials formed by periodic variation [108] [109] [110]. Phononic crystals are used
to fabricate solid material focused on elastic vibration. On the other hand, sonic
materials are fabricated to be utilized in fluid, i.e., airborne acoustic or underwa-
ter acoustic devices. Phononic crystals are artificial materials formed by periodic
variation of the mechanical vibration characteristics of materials, which are the elas-
ticity and the mass density. A phononic crystal has a phononic bandgap in which
the transmission of the vibration, i.e., the phonon, is prevented. Similarly, a sonic
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crystal has a bandgap that prevents transmission of sound waves. At the same time,
sonic crystals have resonant frequencies at which the sound pressure is enhanced.
Here, we show the behaviors of a lattice sonic crystal consisting of rectangular
rods having infinite length. A loop horn has a circular shape as shown in Figs. 5.8
and the cross section of it is same as a lattice sonic crystal having two columns of
rods. Although the coordinate systems of a loop horn and a lattice sonic crystal
are not same, they have common behavior regarding the sound field and the band
structure.
Figures 5.4 (a) and (b) show the structure lattice sonic crystal. The target
frequency was set to 40 kHz, thus the target wavelength of sound wave in the air is
8.5 mm. Each rod has the rectangular shape whose length of a side is λ/4 = 2.1mm.
The distance between rectangular rods are λ/2 = 4.2mm in the longitudinal direction
and 12mm in the lateral direction. We assumed that rectangular rods are constituted
of the perfectly rigid material. The lattice shown in Figs. 5.4 can be regarded as
the array of a column of lattice along the y-axis.
Figure 5.4: Schematic of the lattice sonic crystal consisting of rectangular rods.
Figure 5.5 shows the two-dimensional reciprocal lattice of the lattice sonic crys-
tal shown in Figs. 5.4 (a) and (b) in the wavenumber space. Γ, X andM are k-points
in the first Brillouin zone. We calculated the band diagrams along the path of M -Γ-
X-M . dx and dy are the lattice constants in the Bravais lattice of the sonic crystal.
Figure 5.6 shows the calculated band diagram of the lattice sonic crystal [111].
We employed FreeFem++ (https://freefem.org/) to calculate the sound field and to
solve matrix equation related to Bloch’s theorem. Bloch’s theorem is written as





where u(r) is the displacement of the sound wave, K is the Bloch wave vector,
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Figure 5.5: Schematic of the two-dimensional reciprocal lattice.
G is the reciprocal-lattice vector, r is the Bravais lattice vector, ω is the angular
frequency and t is the time.
Figure 5.6: Calculated band diagram of the lattice of rectangle rods.
The horizontal axis of graph in Fig. 5.6 represents the reduced wavenumber
along the path of M -Γ-X-M and the vertical axis shows the frequency. As shown
in Fig. 5.6, in the region of Γ-X which corresponds to kx-direction, some bandgaps
are formed. In these bandgaps, the propagation of the sound wave in x-direction is
prevented. On the other hand, in the region of X-M corresponding to ky-direction,
there is no bandgap. Moreover, the lines are concentrated in the frequency band from
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40 kHz to 50 kHz, which means that density of state (DOS) is high in this frequency
band. Therefore, it is expected that some resonant peaks of sound pressure due to
the acoustic eigenmodes are located in this frequency band from 40 kHz to 50 kHz.
Figures 5.7 (a) and (b) show the results of FEM calculation of the sound field
around the lattice sonic crystal. Figures 5.7 (a) show the sound pressure when the
sound wave enters in the longitudinal direction (y-direction) and lateral direction
(x-direction). The frequency is 42.0 kHz. The sound source was set to the vibra-
tion plane having vibration velocity of 1 m/s as shown in Fig. 5.4. Regarding the
longitudinal direction, the sound pressure is confined in the lattice sonic crystal and
partial the sound pressure is enhanced. The sound pressure in lateral direction, the
propagation of the sound pressure is prevented by the lattice sonic crystal. This is
because the frequency 42.0 kHz is located in a bandgap shown in Fig. 5.6. From
these calculation results, it can be said that the lattice sonic crystal shown in Fig.
5.4 has the function to confine and enhance the sound pressure. A reciprocal lattice
is defined by the Fourier transform of a Bravais lattice. If we take out two columns
of lattice sonic crystal, the band structure shown in Fig. 5.6 is retained due to the
characteristics of the Fourier transform. Thus, a lattice sonic crystal having only
two columns has same function as the lattice sonic crystal, i.e., confinement and
enhancement of the sound pressure of ultrasonic waves. Based on these considera-
tions, we next discuss the loop horn whose cross section is same as the two columns
of lattice sonic crystal.
Figure 5.7: Results of the FEM calculation of the sound field around the lattice sonic
crystal. (Frequency = 42.0 kHz, (a) longitudinal sound wave, (b) lateral sound wave)
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We propose a“loop horn,” which has a λ/4, as shown in Fig. 5.8 (a). Figure
5.8 (b) shows the solid straight horn.
The loop horn shown in Fig. 5.8 shows FEM model for loop horn whose target
frequency is 40 kHz. At the bottom of loop, there is a diaphragm having a vibration
velocity of 1 m/s. Twenty loop horns are set above the diaphragm. The cross section
of the diaphragm is square. The length of the sides of the cross section and the pitch
are equal to λ/4 and λ/2, respectively.
Note that the horns for ultrasonic waves are solid so that they can transmit
elastic vibration waves; these types of horns have been sufficiently studied and em-
ployed in various applications [112] [113] [113]. Our developed loop horn is different
from these other horns, as it has the function of controlling the sound field in air.
Although some prior studies reported on the use of horns to control the sound field
of ultrasonic waves and the demodulated sound of parametric speakers [115], the
loop horn herein is new from the point of view that it affects on only the ultrasonic
wave. Demodulated sounds are not affected by the loop horn because its pitches
and the dimensions of the cross section of the loop are much smaller than the wave-
length of demodulated audible sounds. When the size cross section at the top of
the parametric speaker is smaller, the usual solid horn may affect the characteristics
of demodulated audible sounds, such as the cutoff frequency in the low frequency
region. Thus, if the horn does not affect demodulated audible sound, it can be used
in the generation of high quality audible sound by parametric speakers.
The loop horn has one more special characteristic. It causes acoustic resonances
that can be used to enhance the sound pressure of the radiated ultrasonic.
Figures 5.9 (a) and (b) show the calculated frequency response of the real and
imaginary parts of the radiation impedance when there is only the diaphragm and
when the solid horn or the loop horn are utilized. As shown in Fig. 5.9 (a), when the
loop horn is utilized, the real part of the radiation impedance is enhanced strongly
than when the solid horn is used at certain frequencies. These results show that the
loop horn works as an acoustic resonant structure and is useful for enhancing the
sound pressure of the radiated ultrasonic wave.
We show the calculate sound field obtained by FEM as contour figures. The
frequency was set to the second resonant frequency of 45.9 kHz when the loop horn
was utilized.
Figures 5.10, 5.11, and 5.12 show the sound field calculated by FEM. Figure
5.10 shows a cross section of the contour of the sound pressure level. The FEM
calculation was executed using an axial symmetry model. As shown in Fig. 5.10,
the sound pressure is widely distributed around the diaphragm when horns are not
utilized. On the other hand, as shown in Figs. 5.11 and5.12 , when the loop horn
or the solid horn are set above the diaphragm, the sound pressure is concentrated
CHAPTER 5. PERIPHERAL ACOUSTIC STRUCTURE 92
in the horns.
In particular, the sound pressure is sufficiently concentrated and enhanced when
the loop horn is utilized. These results indicate that the loop horn is useful for
achieving narrow directivity and for enhancing the sound pressure of a small size
piezoelectric transducer array.
Figure 5.8: Schematic of the FEM model of a simple diaphragm and loop horn.
Figure 5.9: Calculated frequency response of radiation impedance (with no horn,
solid horn, and loop horn).
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Figure 5.10: Results of the FEM calculation when there are no loop horns. (Fre-
quency = 45.9 kHz).
Figure 5.11: Results of the FEM calculation when a loop horn is utlized. (Frequency
= 45.9 kHz)
Figure 5.12: Results of the FEM calculation when a solid horn is utilized. (Frequency
= 45.9 kHz)
5.3 Theoretical analysis of transducer with two cones.
In this section, the detailed design of the radial cone is described. Here, we list again
the design requirements of the radial cone:
Requirement 1. A dummy horn is necessary to maintain the function of resonant
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mode control.
Requirement 2. A Contact part design should be used between diaphragms and cone
The two requirements can be discussed using a modified mechanical equivalent
circuit. Figures 5.13 and 5.14 show the developed transducer with radial cones and
its mechanical equivalent circuit, respectively .
The mechanical equivalent circuit shown in Fig. 5.14 is expressed by four
ordinary differential equations (ODEs) as
mαΦ̈α + rαΦ̇α + sαΦα +
[











mcdΦ̈cd + rcdΦ̇cd + scdΦcd + ZcdΦ̇cd
−
[





mγΦ̈γ + rγΦ̇γ + sγΦγ −
[










= Fγ , (5.5)
and
mcmΦ̈cm + rcmΦ̇cm + scmΦcm + ZcmΦ̇cm
−
[





where Φα, Φγ , Φcm, and Φcd represent the equivalent vibration displacements of
diaphragms 1 and 2, and the main and dummy cones, respectively; mα, mγ , mcm,
mcd, sα, sγ , scm, scd, rα, rγ . rcm, and rcd represent the equivalent mass, stiffness, and
friction loss of diaphragms 1 and 2, and the main and dummy cones, respectively; sβ
and rβ are the equivalent stiffness and friction losses of the rods between diaphragms
1 and 2; scα and rcα are the equivalent stiffness and friction loss between diaphragm
1 and the junction parts between the dummy cone; scγ and rcγ are the equivalent
stiffness and friction loss between diaphragm 2 and the junction parts between the
main cone; and ζα, ζγ , ζαc, ζcα, ζγc, and ζcγ are the junction coefficients between
diaphragm 1 and 2, diaphragm 1 and the dummy cone, and diaphragm 2 and main
cone, respectively.
To calculate the eigen frequencies and eigenvectors of the vibration of the trans-
ducer shown in Figs. 5.13 and 5.14, we rewrite Eqs. (5.3), (5.4), (5.5), and (5.6) for
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Figure 5.13: Schematic of the developed transducer with radial cones.
Figure 5.14: Schematic of the mechanical equivalent circuit of the transducer with
cones.
a Fourier component by the matrix form:
[













CHAPTER 5. PERIPHERAL ACOUSTIC STRUCTURE 96
K =
sα+sβζα+sαcζαc −sβζγ −sαcζcα 0
−sβζα sγ+sβζγ+sγcζγc 0 −sγcζcγ
−sαcζαc 0 scd+sαcζcα 0
0 −sγcζγc 0 scmζcγ+sγcζcγ
 , (5.8)
R =
rα+rβζα+rαcζαc −rβζγ −rαcζcα 0
−rβζα rγ+rβζγ+rγcζγc −rγcζcγ
−rαcζαc 0 rcd+rαcζcα+Zcd 0






mα 0 0 0
0 mγ 0 0
0 0 mcd 0
0 0 0 mcm
 (5.10)
Assuming that diaphragms 1 and 2, and the dummy cone and main cone are sym-
metric each other, i.e.,
mα = mγ = m1,
mcd = mcm = m2,
scd = scm = m2,
sα = sγ = s1,
sαc = sγc = sβ2,
sβ = sβ1,
ζα = ζγ = ζ1, (5.11)
and
ζαc = ζcα = ζγc = ζcγ = ζ2. (5.12)
(5.13)
The equations used to calculate resonant frequencies are expressed as
K ′ − ω2M ′ = O, (5.14)
K ′ = 
s1+sβ1ζ1+sβ2ζ2 −sβ1ζ1 −sβ2ζ2 0
−sβ1ζ1 s1+sβ1ζ1+sβ2ζ2 0 −sβ2ζ2
−sβ2ζ2 0 s2+sβ2ζ2 0
0 −sβ2ζ2 0 s2+sβ2ζ2
 , (5.15)




m1 0 0 0
0 m1 0 0
0 0 m2 0
0 0 0 m2
 . (5.16)
Equations (5.14), (5.16), and (5.16) have four positive solutions ω1, ω2, ω3, and ω4,






















where Ω1, Ω2, Ω3, and Ω4 are written as
Ω1 =
[
(ζ2sβ2(m1 +m2) + m1s2 +m2s1)
2
− 4m1m2(ζ2sβ2(s1 + s2) + s1s2
]1/2
, (5.21)




+ {(ζ2sβ2(m1 +m2) +m1s2 +m2s1 + 2ζ1m2sβ1}2




Ω4 = m1(s2 + ζ2sβ2) +m2(s1 + 2ζ1sβ1 + ζ2sβ2). (5.24)
The four resonant frequencies are divided into two groups. The first pair is ω1
and ω3, and the second pair is ω2 and ω4. When the mechanical stiffness of three
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rods ζ1 is small, ω1 gets close to ω3, and ω2 gets close to ω4. This fact can be
confirmed by a calculation:
lim
ζ1→0
(ω21 − ω23) = lim
ζ1→0




(ω22 − ω24) = lim
ζ1→0
Ω24 = 0, (5.26)
where the eigenvectors of the vibration displacements and velocities corresponding
to the resonant angular frequencies ω1, ω2, ω3, and ω4 are similarly determined by



























































where Υ1, Υ2, Υ3, and Υ4 are written as
Υ1 = −m2(s1 + sβ2ζ2 +m1(s2 + sβ2ζ2), (5.31)
Υ2 =
[
{m2s1 +m1s2 + (m1 +m2)sβ2ζ2}2
−4m1m2{(s1s2 + (s1 + s2)sβ2ζ2}
]1/2
, (5.32)
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−4m1m2s2(s1 + 2ζ1sβ1)− 4m1m2sβ2(s1 + 2ζ1sβ1)ζ2
+{m2s1 +m1s2 + 2m2sβ1ζ1 + (m1 ++m2)sβ2ζ2}2
]1/2
. (5.34)








(i = 1, 2, 3, 4). (5.35)
When Fcd,i and Fcm,i are equal to zero, Eq. (5.8) is satisfied. This means that
all the resonant modes can be controlled by the vibration force Fα and Fγ caused
by the piezoelectric elements on diaphragms 1 and 2. Generally, Fcd,i and Fcm,i are
not equal to zero. The condition of Fcd,i = Fcm,i = 0 is
rcd = rαc = Zcd = rcm = rγc = Zcm = 0. (5.36)
Equation (5.36) means that the friction losses and radiation impedance of the
main and dummy cones are negligible. when Eq. (5.36) is fulfilled, the vibration
force Fi is given by the corresponding eigenvectors of Eqs. (5.27), (5.28), (5.29), and






















































Ξ4(Ξ5 − Ξ6), (5.41)
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−{(ζ2sβ2(m1 +m2) +m1s2 +m2 + s1}1/2
−4m1m2{ζ2sβ2(s1 + s2) + s1+s2}
]1/2
+m1s2ζ2m1sβ2 +m2s1 + ζ2m2sβ2, (5.42)
Ξ2 =
[
{ζ2sβ2(m1 +m2) +m1s2 +m2s1}2
4m1m2(ζ2sβ2(s1 + s2) + s1s2}
]1/2
, (5.43)






−{(m2s2 +m2s12ζ1m2sβ1}2 + 2ζ2sβ2(m2 −m1)
×(−m1s2 +m2s1 + 2ζ1m2sβ1) + ζ22 + s2β2(m1 +m2)2}1/2





(−m1s2 +m2s12ζ1m2sβ1)2 + 2ζ2sβ2(m2 −m1)
×(−m1s2 +m2s1 + 2ζ1sβ1 + ζ2s2β2(m1 +m2)2), (5.46)
and
Ξ6 = m1(s2 + ζ2sβ2)−m2(s1 + 2ζ1sβ1 + ζ2sβ2). (5.47)
These results of a theoretical calculation show that the resonant mode of the
developed transducer with cones can be controlled by only the phase difference
between the two voltage inputs. The requirements that allow for this control by the
two voltage inputs are
1. Cones are fixed tightly. Adhesives layers between diaphragms and cones must be
thin to prevent an increase in the mechanical friction losses.
2. The thickness of the cones must be sufficient. If the cones are too thin, radiation
impedance will affect the resonant mode control.
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To fulfill requirement 1, the adhered area, structure, and manufacturing pro-
cess between diaphragms and cones must be carefully designed. With regard to
requirement 2, the radial cones must be fabricated from metals such as aluminum
alloy, whose mechanical impedance is much higher than that of air. Thus, this re-
quirement is usually fulfilled. On the other hand, the thickness of the radial cones
must be designed considering the sound pressure level and manufacturing process.
5.4 Detailed design of components
5.4.1 Design of the radial horn
In this section we describe the detailed design of the radial cones. There are two
cones, the main cone and the dummy cone, which are shown in Fig. 5.13. The two
cones have the same design and dimensions. If the designs of the two cones are not
equal, the assumption of Eqs. (5.11) and (5.13) are not fulfilled, and the resonant
modes and frequencies become complicated.
The frequency gap between the two resonant pairs Ω13 = ω
2
1 − ω23 and Ω24 =
ω22 − ω24 shown in Eqs. (5.25) and (5.26) cannot be controlled by the mechanical
stiffness of rods ζ1 when the assumptions shown in Eqs. (5.11) and (5.13) are not
satisfied. To satisfy the first requirement mentioned in the previous section, the
junction point of the diaphragms and the cones must be carefully designed. Figure
5.15 shows the outline of the structure of the cone. The cone structure consists of
two components: the cone and its support. The support is employed to expand the
adhesive area. To adhere the cones to the diaphragms stably, we divided the cone
structure into the cone and its support. The cones are made from duralumin A2017,
which is same material the rods are made out of.
Figure 5.15: Schematic showing the structure of the cone.
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Next, we explain the design point related to the second requirement. The
minimum thickness of the cone in the actual machining process is 0.30 mm. When
the cone is thicker than 0.30mm, the radiation impedance is much smaller than the
mechanical impedance of the cone. On the other hand, to maximize the vibration
displacement and the sound pressure level, the cone should be thinner than 0.30
mm.
Using a FEM calculation, we confirmed the relation between the cone thick-
ness and the radiated sound pressure level. Figure 5.17 shows the finite-element
model (FE model) of the calculation of the sound pressure radiated from a cone.
The amplitude of the input voltage to two piezoelectric elements was 5.0 Vrms and
phase difference between them was 0 deg. The physical properties of the cone, rod,
diaphragm ,and elastic support are shown in Table 5.1. Though the elasto-piezo-
dielectric (EPD) matrix has been listed in Chapter 3, we relist them here in Table
5.2.
Figure 5.16: Schematic of the dimensions of the cone.














A2017 2.70× 103 69.9
diaphragm
phosphor bronze
C5210 8.80× 103 110.0
elastic
support polychloroprene 1.20× 103 0.10
Figure 5.18 shows the vibration form of the developed transducer having two
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ϵ33/ϵ0 = 4500 Kr = 0.61 d31 = −160 S11 = 15.2
ϵ11/ϵ0 = 4700 K31 = 0.35 d33 = 280 S33 = 15.5
K33 = 0.65 d15 = 450
cones; it was calculated by FEM. The thickness of the cone was 0.30 mm, and
the frequency was the resonant frequency of 48.0 kHz. As shown in Fig. 5.18,
the vibrational displacement concentrates on the cones, particularly on the edge of
the cones. This calculation result shows that cones function as the displacement
expansion mechanism.
Figure 5.17: Schematic of FE model used to calculate the sound pressure radiated
from the cone.
Figure 5.19 shows the dependency of the frequency response of the electrical
admittance. Figure 5.20 shows the dependency of the frequency response of the
sound pressure level at 20 cm from the top of the cone on cone thickness. The cone
thickness was varied from 0.05 to 0.50 mm. The sound pressure level was observed
at a distance of 20 cm from the top of the cone.
As shown in Fig. 5.20 the sound pressure level increases according to the
decreasing of the thickness of the cone. This due to the increase in the vibration
displacement of the cone. Note that the resonant peak shifts to the high frequency
region as the thickness of the cone decreases, which is confirmed by the calculation
results of electrical admittance shown in Fig. 5.19. Although the thickness of the
cone should be 0.30 mm or less from the results shown in 5.20, we must set the
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Figure 5.18: Schematic of the vibration form of the transducer having two cones
(cone thickness = 0.30 mm).
Figure 5.19: Dependency of the frequency response of admittance at the top of cone
on cone thickness (cone thickness= 0.05 mm ‒ -0.5 mm)
thickness of the cone to the minimum thickness of the actual machining process,
which is 0.30 mm, as mentioned above. If the machining process can fabricate a
cone that is thinner than 0.30 mm, the sound pressure level will increase as shown
in Fig. 5.20.
Additionally, it is confirmed that the radial cones can suppress the electrical
conductance. The maximum value of the electrical conductance is smaller than
1.5 mS. This calculation results mean that the cones work as a displacement mag-
nification mechanism, and the vibration of the piezoelectric element is suppressed
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Figure 5.20: Dependency of the frequency response of the sound pressure level at a
distance of 20 cm from the top of the cone on cone thickness (cone thickness= 0.05
mm-‒ 0.5 mm)
relatively by the cone.
5.4.2 Design of baffle case
In this section, the details of the baffle case of the transducer are described. Figures
5.22 (a) and (b) show the schematic and the dimensions of the FE model of the
baffle case of the transducer.
The baffle case has two function:
1. Protect the transducer from the outside.
2. Baffle the back sound radiated from diaphragm 1 and the dummy cone.
3. Arrange the directivity and enhance the sound pressure radiated from transducer
Function 1 is obvious. The ultrasonic transducer has a very precise structure
such as thin electric wire and a solder ball.
With regard to function 2, we must consider that the sound radiated from
diaphragm 1 and the dummy cone, and diaphragm 2 and the main cone, are opposite
in phase. Thus, they cancel out each other around the space of the transducer. As
shown by the dot line circle point in Fig. 5.22 (a), the baffle case has a structure
that enables it to shut out the back sound from diaphragm 1 and the dummy cone.
Finally, we consider function 3. As shown in Figs. 5.22 (a) and (b), the baffle
case has the case cap on top of it. The frequency response and the directivity of the
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sound pressure level can be improved by the case cap. To confirm the effects of the
case cap, we perform a FEM calculation.
As mentioned above, the FE model of the transducer and the baffle case is show
in Figs. 5.22 (a) and (b). To calculate the sound pressure, the transducer and the
baffle case are surrounded by the air sphere layer.
Figures 5.22 (a) and (b) show the dependency of the sound pressure level at
20 cm from at the top of the case cap on the center axis of the transducer and
the case. Figures 5.22 (a) and (b) show the frequency response when the phase
difference between the two voltage input is 0 deg. and 180 deg., respectively. The
three lines in these graphs represent the three condition of the case cap, i.e., no
cap case, case cap (height is 7.0 mm), and case cap (height is 9.0 mm). As shown
in Fig. 5.22 (b), the case cap only enhance the sound pressure level at the second
resonant frequency of 48.0 kHz, which is generated by the phase difference between
the two voltage input of 180 deg. On the other hand, as shown in Fig. 5.22 (a), the
sound pressure level at the first resonant peak does not change. These results are
reasonable because the wave length of the ultrasonic waves at 48.0 kHz is about 7.0
mm. Thus, a quarter of the wavelength is about 1.77 mm. A length of 2.0 mm has
a much greater effect on the radiated sound pressure level. In this actual case, 9.0
mm is optimum to enhance the second resonant peaks of 48.0 kHz. Note that the
pitch of the 3D printer we used is 0.25 mm; however, it is not possible to control
the dimensions with an accuracy of 0.25 mm.
Furthermore, to confirm the causes of this enhancement of the sound pressure
at the second resonant frequency of 48.0 kHz, we show the calculation results of the
directivity of the sound pressure level at a distance of 20 cm from top of the case
cap in Figs. 5.23 (a) and (b). As shown in Figs. 5.23 (a) and (b), the directivity
at the second resonant frequency of 48.0 kHz has a dependency on the existence of
the case cap and its height. When the height of the case cap is 9.0 mm, the sound
pressure level at 48.0 kHz (Fig. 5.23 (b)) concentrates at the center direction (0 deg.
direction).
From these results, it was clarified that the case cap arranges the directivity of
the sound pressure level. To enhance the sound pressure level at the second resonant
frequency, we employed a case cap whose height was 9.0 mm.
5.4.3 Design of loop horn
In this study, we used the final slim-sized transducer system shown in Fig. 5.24,
which has four transducers and one loop horn.
A conventional parametric speaker arrays consist of at least fifty transducers.
Our developed transducer system has much less transducers and a slim size. The
CHAPTER 5. PERIPHERAL ACOUSTIC STRUCTURE 107
Figure 5.21: Schematic of the baffle case of the transducer with a case cap.
Figure 5.22: Frequency response of the sound pressure level with a transducer case
(at 20 cm from the top of case cap).
aim of this study is to fabricate parametric array systems and to systematize the
methodology of the design. The detailed design of the horn is described in this
section.
As mentioned in section 5.2, the cross section of the diaphragm is square, and
the length of a side of the cross section and the pitch are equal to λ/4 and λ/2,
respectively. As shown in Fig. 5.24, the upper aperture is wider than the lower
aperture. This shape was selected to sharpen the directivity of the sound pressure
level. The rate of change in the aperture from the bottom to top was decided by a
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Figure 5.23: Directivity of the sound pressure level at the resonant frequency with
a transducer case (at 20 cm from the top of case cap)
Figure 5.24: Schematic of the layout of the four transducers with a loop horn.
FEM calculation.
The principal of the loop horn is based on the resonance in the loop array. The
array pitch and the length of the side of the loop should be determined based on the
wavelength of the sound. The wavelength of sound at the resonant second resonant
frequency of 48 kHz is λ = 7.0mm and a quarter of the wavelength is λ/4 = 1.75mm.
The loop horn was fabricated by a 3D printer whose minimum pitch is 0.25 mm.
Thus, the finished dimensions of the loop horn fabricated by 3D printer have the
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range of 0.25 mm. To clarify the optimum design conditions, i.e., the parameter
D/2 shown in Fig. 5.25, we used FEM to calculate the dependency of the frequency
response and the directivity of the sound pressure level at a distance of 20 cm from
the top of the horn. The acoustic space including the loop horn is too wide, and
considerable computation resources are needed to execute a 3D FEM calculation.
Thus, we calculated this effect of the loop horn and its pitch variance using a 2D
FEM simulation, as shown in Fig. 5.25.
Figures 5.26 and 5.27 show the calculation results of FEM. Each graph has
three lines. The first line represents the characteristics of the system when the
transducer does not have loop horn. The other two lines show the characteristics
when D/2 = 1.75mm and D/2 = 1.50mm. As a calculation condition, the vertical
length of the cone was set to 61 mm as shown in Fig. 5.25, i.e., the number of loops
for D/2 = 1.75mm and D/2 = 1.50mm were adjusted to 18 and 23.
Figure 5.25: Schematic of the FE model of the horn (two dimensions).
As shown in Fig. 5.26, the sound pressure level between 45 kHz and 49 kHz
increases more than 3 dB owing to the loop horn. At about D/2 = 1.75mm and
D/2 = 1.50mm, the sound pressure level for D/2 = 1.50mm is 3 dB larger than that
at D/2 = 1.75mm.
This is due to the directivity of the sound pressure level shown in Fig. 5.27,
which shows the directivity at the second resonant frequency of 48 kHz of the trans-
ducer. As shown in Fig. 5.27, the width of the main lobe of D/2 = 1.50mm is
narrower than those in the other two conditions.
Because these calculation are executed using a 2D FEM of the cross section of
the transducers and the loop horn, the effects of the loop horn are limited to the
effects related to one directivity angle. Thus, in an actual three-dimensional space,
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Figure 5.26: Dependency of the frequency response of the sound pressure level on
the horn.
Figure 5.27: Dependency of the directivity of the sound pressure level on the horn
(48 kHz).
the effects of the loop horn are squared, i.e., the differences in dB of the frequency
response of the sound pressure level of the three lines shown in Fig. 5.26 are doubled.
Based on these FEM calculation results, we decided to use 1.50 mm as the value of
D/2.
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5.5 Experiment
We fabricated the piezoelectric transducer and four-transducer unit based on the
detailed design described in the previous chapter. In this section, the experimental
results are shown, i.e., the characteristics of the ultrasonic waves and the demodu-
lated audible sound.
5.5.1 Ultrasonic characteristics of single transducer
Figures 5.28 (a) and (b) show the pictures of fabricated transducer. Figure 5.28 (a)
shows the core part of the transducer and (b) shows the four-transducer unit with
the loop horn.
Figure 5.28: Picture of fabricated transducer and transducer unit.
Figures 5.29 (a) and (b) show the electrical conductance and susceptance of
the developped transducer, respectively. The electrical admittance was measured by
the impedance analyzer IM3570 (HIOKI E.E. CORPORATION). The input voltage
was 1.0 Vrms. As shown in Figs. 5.29 (a) and (b), the developed transducer has
two resonant frequencies of 48.00 kHz and 49.10 kHz. Note that these resonant
frequencies change depending on the input voltage. When the input voltage is
high, the resonant frequencies shift to the low frequency region. Additionally, the
maximum value of the electrical conductance is about 2.5 mS. On the other hand,
the maximum value of the electrical conductance of the transducer having no cones
is larger than 10 mS, as shown in Figs. 4.15 (a) and (b). These results mean that the
two cones work as the displacement magnification mechanism, which was confirmed
by the results of numerical calculations shown in Figs. 5.19.
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Figure 5.29: Frequency response admittance of a single fabricated transducer (di-
aphragms 1 and 2).
Figure. 5.30 shows the measuring system of the sound pressure level of the
transducer. Figure 5.31 shows the picture of measurement system including the
turn table. PXI platform (National Instruments Corporation) was employed as the
central measuring system. The distance between the microphone Type 4936-A-011
and the top of the box of the transducer was 20 cm. Experimental conditions were
as follows:
- Measuring system: Fig. 5.30
- Room: Anechoic chamber in Waseda University
- Input signal: Sweep tone (30.0 ‒ 60.0 kHz, 5 Vrms),
- Microphone and conditioning amplifier: Type 4936-A-011and Type 2690-A
- Distance between the microphone and the top of the case cap or the top of loop
horn: 20 cm.
- Turn the transducer using turn table controlled by the PXI controller and Lab-
VIEW.
Figure 5.32 shows the experimental data of the frequency response of the sound
pressure level of ultrasonic waves of the single transducer shown in Fig. 5.28 (a). As
shown in Fig. 5.32, resonant peaks change due to the phase difference between the
two voltage inputs of diaphragms 1 and 2. When the two voltage inputs are in-phase
and anti-phase, the resonant frequencies are 47.17 kHz and 47.95 kHz, respectively.
As shown in Fig. 5.32, the first resonant peak is enhanced when the phase
difference is 0 deg. However, when the phase difference is 180 deg., the first resonant
peak is suppressed, and the second resonant peak is enhanced. The first resonant
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Figure 5.30: Schematic of ultrasonic and audible sound measurement system.
Figure 5.31: Picture of measurement system in the anechoic chamber at Waseda
University.
peak is not perfectly suppressed, which shows that the phase difference of 180 deg.
is slightly different from the input voltage exciting the vibration mode due to the
production tolerance.
These resonant frequencies are lower than the resonant frequencies shown in
Figs. 5.29 (a) and (b), which is due to the dependency of the resonant frequencies
on the magnitude of the input voltage. The frequency gap between the two resonant
peaks is almost equal to that of the electrical admittance, which is about 0.8 kHz.
The frequency gaps between the two resonant peaks of the electrical admittance and
the sound pressure level vary from 500 Hz to 1.5 kHz owing to the manufacturing
tolerance. These variance is controlled by the stabilities of the bonding process of
the cones and the supports of the cones. This issue must be resolved in a mass
production process.
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Figure 5.32: Frequency response of the sound pressure level of one developed trans-
ducer with a radial cones.
To compare the frequency response of the sound pressure levels of the developed
transducer and a general transducer sold on the market (UT1007-Z325R), we show
the experimental results in Fig. 5.33. The maximum sound pressure levels of the
developed transducer are 116 dB and 114 dB at the first and the second resonant
frequencies, respectively. On the other hand, the maximum sound pressure level of
UT1007-Z325R is 113 dB.
Figure 5.33: Frequency response of the sound pressure level of the developed trans-
ducer and general transducer (UT1007-Z325R).
Figures 5.34 (a) and (b) show the directivities of the sound pressure level at
the first resonant frequency of 46.00 kHz when the phase difference between two
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voltage inputs is 0 deg. and 180 deg., respectively. Figures 5.35 (a) and (b) show
the directivities at the second resonant frequency of 47.95 kHz; they are the same
as those at the first resonant frequency.
As shown in Figs. 5.34 (a) and (b), and Figs. 5.35 (a) and (b), the directivities
for the phase difference of 0 deg. and 180 deg. slightly changed. This is due to
the change in the vibration form, which depends on the phase difference of the two
voltage inputs.
Figure 5.34: Directivity of the sound pressure level of one developed transducer at
the first resonant frequency of 47.17 kHz.
As shown in Figs. 5.34 and 5.35, the half-value angles at the first and second
resonant frequencies are 18 deg. and 14 deg, respectively. Note that the phase
differences for the first and second resonant frequencies are 0 deg. and 180 deg.
From these results, it can be said that the directivity of the developed transducer
is narrow, which is clarified by comparing its directivity with the directivity of the
general transducer shown in Fig. 5.36. As shown in Figs. 5.36, the half-value angle
of the general transducer is 34 deg. Note that the side lobe of the sound pressure
level of the developed transducer is much smaller than that of the main lobe, and
they do not affect the characteristics of transducer array. This difference in the
directivity is important for obtaining a narrow directivity in a transducer array with
small number of transducers. The total directivity of a transducer array is decided
by the product of the directivity of a single transducer and the directivity of the
array geometry:
D = Ds ×Da, (5.48)
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Figure 5.35: Directivity of the sound pressure level of one developed transducer at
the second resonant frequency of 47.95 kHz.
where D, Ds,and Da are the directivities of the total transducer array, the single
transducer array, and the array geometry, respectively.
The developed transducer has a narrow directivity of Ds; thus, a narrow direc-
tivity can be obtained by using a small number of similar transducers. Furthermore,
we must discuss the side lobes. When the steering angle is zero, the angle of the
grating lobe is decided by the simple equation
d sin θ = λ, (5.49)
where d is the array pitch, θ is the angle of grating lobe, and λ is the wavelength
of the sound wave. Although the current developed transducer has a large size of
2.2 cm, the half-value angle for the first resonant frequency is 18 deg., and the side
lobes of an array of the developed transducer is suppressed sufficiently. This is
confirmed by the simple calculation using Eq. (5.49). The first resonant frequency
is about 47 kHz, and the array pitch of the developed transducer is 2.4 cm. Thus,
the angle of the grating lobe is calculated as, arcsin(340/47000/0.024) = 17.5[deg.].
It is confirmed that the grating lobe is suppressed such that it is smaller by -6 dB
than the the main lobe by this simple calculation. Furthermore, the grating lobe
and side lobes can be suppressed by the loop horn described later.
Figure 5.37 shows the specifications of the single transducer. This table shows
the ultrasonic characteristics of the general transducer (UT1007-Z325R), developed
transducer, and the target specification of the transducer to be developed in the
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Figure 5.36: Directivity of the sound pressure level of one general transducer
(UT1007-Z325R) at the second resonant frequency of 40.5 kHz.
future. The specifications of the transducer are not final. The specifications can
be improved further in the fabrication process and by the machining method and
the piezoelectric material. Thus in Fig. 5.37, we show the target specifications for
future development of the transducer, which are achievable.
First, we explain the advantages of the developed transducer. As shown in Fig.
5.37, the sound pressure levels at the first and second resonant frequencies are higher
than that of UT1007-Z325R. The maximum sound pressure level at the first resonant
frequency is 3 dB higher than that of UT1007-Z325R. Regarding bandwidth, our
developed transducer has a wider bandwidth (6 dB down from the maximum sound
pressure level). The difference in the bandwidth of the developed transducer and
the general transducer was 200 Hz. The general transducer has a wide bandwidth
in spite of its single peak resonant frequency response. This is due to the Q-factor,
which mainly depends on the condition of the radial cones and the bonding stability
between the two radial cones and two diaphragms. The Q-factor can also be con-
trolled by the friction losses of diaphragms and the radial cones. Therefore, these
results mean that, in future development, the bandwidth of our developed trans-
ducer can be expanded by the Q-factor. The electrical conductance is related to
the Q-factor. The electrical conductance of the developed transducer is 2.5 mS at
the first resonant frequency, which is larger than the results of the FEM calculation
shown in Fig. 5.19 (a). The main cause of this difference is the bonding stability
of the radial cones as described above. Thus, an improvement of bonding stabil-
ity allows for the expansion of the resonant peaks and suppression of the maximum
electrical conductance and Q-factor. Regarding the directivity of the sound pressure
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level, our developed transducer has a narrower directivity as mentioned above. The
narrow directivity of our developed transducer is great advantage, as the transducer
can be used to fabricate a parametric speaker that consists of a small number of
transducers.
Next, we explain the rationale of the target specifications of the transducer
to be developed in the future. The maximum sound pressure level increases by
improving the thickness of the radial cones, the bonding structure between two
diaphragms and the rods, and two diaphragms and the radial cones. The influence
of the thickness of the radial cones was described in Fig. 5.20, which is the results
of an FEM calculation; it shows that thinner radial cones can boost the maximum
sound pressure level by more than 6 dB. Regarding the bandwidth of the resonant
peaks, it is possible to expand the bandwidth by improving the bonding condition
between the two radial cones and two diaphragms as mentioned above.
The sizes of the transducer can be made smaller by increasing the resonant
frequencies and cutting the dead space in the baffle cases. Owing to the similarity
between the resonant frequencies and the size of the transducer, the size of the
transducer can be smaller if its resonant frequencies are increased. Thus, when
we set the resonant frequencies to 62 kHz, which is 1.5 times the current resonant
frequencies, the sizes of the transducer can be smaller by about two thirds.
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5.5.2 Ultrasonic characteristics of the four-transducer unit
Figure 5.38 shows the experimental data of the frequency response of the sound
pressure level of ultrasonic waves of the four-transducer unit shown in Fig. 5.28 (b).
As shown in Fig. 5.38, the control function of resonant frequencies works for the
four-transducer unit. The width of the first and second resonant peaks became wide
because the resonant frequencies of the four transducers are slightly different.
Figure 5.38: Frequency response of the sound pressure level of the four- transducer
unit without a loop horn.
Figures 5.39 (a) and (b), and Figs. 5.40 (a) and (b) show the directivities of
the sound pressure level at the resonant frequencies of 46.78 kHz and 48.54 kHz,
respectively. As shown in Figs. 5.39 and 5.40, the directivities change depending on
the phase difference of the two voltage inputs.
Figure 5.41 shows the experimental data of the frequency response of the sound
pressure level of the ultrasonic waves of the four-transducer unit with a loop horn.
As shown in Fig. 5.41, the frequency response of the sound pressure level is different
from that in Fig. 5.38. The resonant peaks of 47.76 kHz and 48.73 kHz of the
transducer unit with a horn are sharper than those of Fig. 5.38. The maximum
sound pressure level at the resonant frequencies increased owing to the presence of
the loop horns. The increase in the sound pressure level at the resonant frequencies
was more than 6 dB. Figures 5.42 (a) and (b), and Figs. 5.43 (a) and (b) show the
directives of the sound pressure level at the first and second resonant frequencies
of 47.76 kHz and 48.73 kHz. From the results shown in Figs. 5.42 and 5.43, it
is clarified that the directivities of the sound pressure level are sharpened by the
loop horn. Because the directivities were sharpened by the loop horn, the sound
waves concentrate on the direction of the wave front, and the sound pressure level
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Figure 5.39: Directivity of the sound pressure level of a four-transducer unit without
a horn at the first resonant frequency of 46.78 kHz.
Figure 5.40: Directivity of the sound pressure level of a four-transducer unit without
a horn at the second resonant frequency of 48.54 kHz.
increased.
5.5.3 Characteristics of demodulated audible sound
From the results of the ultrasonic characteristics, the enhancing effect by the loop
horn is expected. The frequency response of the sound pressure level of the demodu-
late sound was measured by sound level meter NL-32 (RION Co., Ltd.). The system
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Figure 5.41: Frequency response of the sound pressure level of the four- transducer
unit with a loop horn.
Figure 5.42: Directivity of the sound pressure level of a four-transducer unit with a
horn at the first resonant frequency of 47.76 kHz.
used to measure the sound pressure level of the demodulated sound was almost same
as that employed for the measurement of the sound pressure level of ultrasonic waves
shown in Fig. 5.30.
The measuring conditions are listed below;
furthermore, the frequency response of the demodulated audible sound was mea-
sured as in the experimental conditions as shown below:
- Measuring system: Fig. 4.18
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Figure 5.43: Directivity of the sound pressure level of a four-transducer unit with a
horn at the second resonant frequency of 48.73 kHz.
- Room: Anechoic chamber in Waseda University
- First signal (carrier wave using first resonance) = pure tone (frequency = 46.78
kHz (without horn), 48.73 kHz (with horn), phase difference = 0 deg., 5 Vrms)
- First signal (carrier wave using second resonance) = pure tone (frequency = 48.54
kHz (without horn), 48.73 kHz (with horn), phase difference = 180 deg., 5 Vrms)
- Second signal = chirp signal (frequency = from carrier frequency + 500Hz to car-
rier frequency + 10 kHz , phase difference = 0deg or 180 deg., 5 Vrms)
- Modulation method: corresponding to USB (upper-side band) or LSB (lower side
band) modulation
- Microphone: Sound level meter NL-32
- Distance between the microphone and the top of the resin box: 20 cm.
We explain the frequency component of the input signal to the transducer
unit. The input signal consists of two signals: the carrier wave whose frequency fc
corresponds to one of the resonant frequencies and the chirp signal whose frequency
is from fc + 500[Hz] to fc + 10[kHz].
Figure 5.44 shows the schematic of the frequency components of the input
signal, i.e., the relation between USB (upper-side band) and LSB (lower-side band)
chirp signals, and the frequency response of the sound pressure level of the four-
transducer unit (ultrasonic) shown in Fig. 5.38. When the first resonant frequency
is utilized, the sound pressure level of demodulated sound by the USB chirp signal
is larger than that of LSB chirp signal. On the contrary, when the second resonant
frequency is utilized, the sound pressure level of the demodulated sound is maximized
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by the LSB chirp signal.
Figures 5.45 and 5.46 show the frequency response of demodulated sound when
the first resonant frequencies are utilized. Figures 5.45 and 5.46 show the frequency
response when the loop horn is not utilized and is utilized, respectively. As shown
in Figs. 5.45 and 5.46, the sound pressure level of the demodulated sound was
maximized when the USB chirp signal was utilized.
On the other hand, Figs. 5.47 and 5.48 show the frequency response of demod-
ulated sound when the second resonant frequencies are utilized. As shown in Figs.
5.47 and 5.48, the sound pressure level of the demodulated sound was maximized
when the LSB chirp signal was utilized. These results show that the mode con-
trol function works well. It is necessary to properly control the phase difference of
the two input voltage signals to maximize the sound pressure level of demodulated
sounds.
Figure 5.44: Schematic of the frequency component of the modulated signal.
Figure 5.49 shows the frequency response of the sound pressure level of the
demodulated sound. The blue line shows the frequency response when no horn was
attached to the piezoeletric transducer array. The red line shows the sound pressure
level when the loop horn was attached to the array. As shown in Fig. 5.49, the
sound pressure level increased from 500 Hz to 2.0 kHz owing to the loop horn. The
maximum sound pressure level of the demodulated sound is about 64 dB when the
loop horn is utilized as shown in Fig. 5.49.
Figures 5.50, 5.51, 5.52 and 5.53 show the directivity of the sound pressure level
of the demodulated sound at 1.0 kHz, 2.0 kHz, 3.0 kHz and 4.0 kHz, respectively.
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Figure 5.45: Frequency response of the sound pressure level of the demodulated audi-
ble sound for a four-transducer unit without a loop horn (USB and LSB modulation,
carrier frequency: 46.78 kHz (first resonant frequency without horn).
Figure 5.46: Frequency response of the sound pressure level of demodulated audible
sound for a four-transducer unit with a loop horn (USB and LSB modulation, carrier
frequency: 47.76 kHz (first resonant frequency with horn).
As shown in Figs. 5.50, 5.51, 5.52, and 5.53, the sound pressure level at frequencies
lower than 2.0 kHz is increased by the loop horn. With regard to the directivity,
it is understood that the side lobes were suppressed by the loop horn. From these
results, we can say the loop horn has two effects on the demodulated audible sound:
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Figure 5.47: Frequency response of the sound pressure level of demodulated audible
sound for a four-transducer unit without a loop horn (USB and LSB modulation,
carrier frequency: 48.54 kHz (second resonant frequency without horn).
Figure 5.48: Frequency response of the sound pressure level of demodulated audible
sound for a four-transducer unit with a loop horn (USB and LSB modulation, carrier
frequency: 48.73 kHz (second resonant frequency with horn).
1. it boosts the sound pressure level and 2. it suppress side lobes.
Finally, we show the summarized specification of a four-transducer unit with a
loop horn in Fig. 5.54.
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Figure 5.49: Frequency response of the sound pressure level of demodulated au-
dible sound for a four-transducer unit with a loop horn (USB modulation, carrier
frequencies are 46.78 kHz (no horn) and 48.73 kHz (with horn).
Figure 5.50: Directivity of the sound pressure level of demodulated audible sound
at 1.0 kHz.
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Figure 5.51: Directivity of the sound pressure level of demodulated audible sound
at 2.0 kHz.
Figure 5.52: Directivity of the sound pressure level of demodulated audible sound
at 3.0 kHz.
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Figure 5.53: Directivity of the sound pressure level of demodulated audible sound
at 4.0 kHz.
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5.6 Summary
In this chapter, we explained the design of peripheral acoustic structures. Peripheral
structure includes the radial cones, the baffle case, and the loop horn. It was clarified
by a mathematical analysis that the two radial cones, i.e., the main and dummy
cones, are necessary to maintain the function of resonant mode control. Moreover,
it was clarified that when the mechanical friction loss is low, the function of the
resonant mode control is maintained. With the radial cones, the motion conductance
is suppressed while maintaining the sound pressure level. This means that the radial
cones improve the electro-acoustic conversion efficiency. With regards to the baffle
case, we optimized the height of the caps of baffle case using the results of a FEM
calculation.
Finally, we show the effect of the loop horns. Loop horns are designed to
obtain a narrow directivity of the sound pressure level of ultrasonic waves. Using the
loop horn, the sound pressure level of ultrasonic waves increased, and its directivity
became narrow. The maximum sound pressure level by10 |rmVrms was about 64 dB.
The demodulated audible sound was also improved by the loop horns, i.e., the sound
pressure level increased from 500 Hz to 2.0 kHz, and the side lobes were suppressed.
Chapter 6
Driving circuit and modulation
method
6.1 Introduction
In this chapter, the additional study results are described. The first one is related
to peripheral driving circuit, and the other is about the modulation methods. The
peripheral driving circuit consists of inductors and capacitors, which can boost the
sound pressure level radiated from transducers by the resonance between inductors
and the pair of capacitors and the static capacitance of transducers. About the
modulation methods, the modulation processing is designed based on the assumption
that the frequency response of a transducer is flat. However, actual transducers have
various frequency responses and they affect on the spectrum of the demodulated
sound of parametric speakers. These knowledges can be used for general piezoelectric
transducers and parametric speakers.
6.2 Driving circuit design
6.2.1 Outline of additional inductor to piezoelectric transducer
Piezoelectric transducers generally need high input voltage. For example, the general
and developed piezoelectric ultrasonic sensors need 5 Vrms as the rated input voltage.
To obtain higher sound pressure level by few piezoelectric transducers, higher voltage
such as 20 Vrms is needed. Some audio power amplifier does not work well against
the piezoelectric transducers because piezoelectric transducers have the capacitive
impedance. The capacitive impedance easily causes the oscillation.
By the principal typified by DC-DC converter, a couple of an electrical inductor
and capacitor connected in series can boost the voltage at the mode between them.
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It is easy reduce the output voltage of amplifiers by boosting using this principal.
However, to obtain this boosting effect by a couple of an inductor and capacitor, it is
necessary to consider an electrical equivalent circuit of a piezoelectric transducer and
to obtain the actually useful constants of an inductor and capacitor. In this section,
we describe the method to enhance the vibration velocity and the sound pressure
level of piezoelectric transducers at the resonant frequency using the analytical and
numerical calculation of the equivalent circuit, and some experimental results.
6.2.2 Design of additionla series connected inductor
Theoretical derivation of circuit design guidline
Figure 6.1 shows the electrical equivalent circuit of a piezoelectric transducer. The
branch consists of the inductor, capacitor and resistor connected in series is cor-
responding to a vibration mode as explained in previous chapters. There are two
circuit topologies using an additional inductor which can be used to piezoelectric
transducers. The first one is to connect an inductor to a piezoelectric transducer
in parallel to improve the electric force factor by cancelling out the static capaci-
tance of the transducer. The second topology employ an inductor connected to a
piezoelectric transducer in series, which enables to boost the applied voltage to the
transducer. Theme in this section is about the second topology.
Figure 6.1: Electrical mechanical equivalent circuit of piezoelectric transducer.
The second circuit topology is shown in Fig. 6.2. The aim of the second cir-
cuit topology is to boost the current flow in the mechanical branch of transducer
shown in Fig. 6.1. The series connected inductor boost the current in the mechan-
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Figure 6.2: Electrical mechanical equivalent circuit of piezoelectric transducer with
series connected inductor.
ical branch, however, the electrical power efficiency consumed by the inductor and
the transducer decreases. Thus it is important take balance between the boosting
effect and the electrical power efficiency. In Fig. 6.1, Lb and Rb are the electrical
inductance and resistance of the indcuctor, Cb is the capacitor of the additional
capacitor, Cd is static capacitance of the piezoelectric transducer, Lm, Rm, Cm are
the equivalent inductors, resistance and capacitance of the mechanical components
of the piezoelectric transducer. Im and Ie means the electric current flow in the
mechanical and electrical static branches, respectively. As shown in Fig. 6.2, if the
static capacitance of the piezoelectric transducer is not enough to obtain boosting
effect of the vibration velocity and the sound pressure level, the additional capaci-
tor must be connected in parallel to the piezoelectric transducer. If this additional
capacitance is large, the loss of the electrical power increases. Thus the additional
capacitance should be smaller as possible. In Fig. 6.1, Im is corresponding the
total vibration velocity of the transducer, i.e. the integrated value of the vibration
velocity of the transducer. Therefore, it is important boost the current of Im.
To obtain the design guideline of the additional inductor and capacitor, we
show the analytical derivation using the equivalent circuit shown in Fig. 6.1. The
steps of derivation of the design guideline is summarized as below.
1. By focusing on the circuit topology corresponding to the angular resonant fre-
quency ω0, derive the equations expressing the relation the electrical current and
voltage in each branch based on the Kirchhoff voltage law(KVL).
2. Let the angular resonant frequency related to Lb and Cb + Cd be ω1 and derive
the relation between Lb and ω1 to maximize the current Im in mechanical branch.
3. Using the equation derived in step 2, derive the condition of ω1 to maximize the
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current Im in mechanical branch.
4. Define the gain factor of the boosting current by comparing the current Im and
Ie with the additional inductor and the capacitor with those without the additional
inductor and capacitor.
Using KVL, the relation between the current and voltage in the mechanical
and electrical static branches is written as














We focus on the circuit at the resonant frequency, i.e. ω = ω0 = 1/
√
LmCm.
Let the resonant frequency between Cb +Cd and Lb be ω1 = 1/
√
Lb(Cb + Cd), Eqs.




























































To derive the value of Lb which maximize the absolute value of Im, we regard
the equation of Im Eq. (6.6) as the function of Lb. The condition of the Lb which







1 −RmR2b)|V |2ω41C3mL3mLb = 0, (6.8)


































b − 2R2mLmCmω21L2b +R2mL2b . (6.9)
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The solution Eq. (6.10) is the unique solution which satisfy the condition of Lb > 0.
Thus the solution Eq. (6.10) gives maximum value of |Im|. By the process denoted
above, steps 1 and 2 have been executed.































1 − 2RmLmCmω21 +R2m. (6.14)









× (LmCmRbω21 −RmLmCmω21 +Rm) = 0. (6.15)







By the same discussion as Eqs. (6.11) and (6.12), it is confirmed that Eq.
(6.16) gives maximum value of |Im(LbMax)|2. Note that when the Rb is close to
zero, ω1Max approaches to ω0, i.e.,
lim
Rb→0
ω1Max = ω0. (6.17)
Because the actual circuit the resistance of Rb is negligible comparing with its in-
ducance, we assume the condition ω1Max = ω0. Based on this assumption, the
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maximum value of the current in the mechanical brance and static branch, i.e. |Im|










If we set the value of Lb to LbMax, the electric power efficiency will extremely
decrease. Thus we set the value of Lb to the several times of LbMax to avoid extreme
decrease of the electric power efficiency in our experiment. We define the ratio of





As the final step of the theoretical derivation of the design of circuit, we define
the gain factors of the current in mechanical and the electric static branches in the
equivalent circuit. The gain factor GIm and GIe represent the gain of the boost of
the current by the additional inductor and capacitor when the ratio of the actual
























where Im0 and Ie0 are the current in the mechanical and static branches at the
angular frequency is equal to ω0 when the any additional inductor and capacitor are
not utilized. Assuming that ω1 is equal to ω0, GIm and GIt become the functions of
ζ and Rb. The detailed equation becomes too complicated, thus we omit the detailed
expression of GIm and GIt and show the results of numerical calculation later. To
achieve the high efficient boosting of the vibration velocity and the sound pressure
level of the piezoelectric transducer, GIm should be large and GIt should be small.
Numerical calculation
To confirm the boosting effect of the additional inductor, we utilized an array of
16 piezoelectric transducers as shown in Fig. 6.3. The piezoelectric transducer is
AT40-10PB (Nippon Ceramic Co., Ltd.), whose fundamental resonant frequency is
about 40 kHz. The constants of the equivalent circuit abstracted from experimental
data are shown in Table. 6.1.
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Figure 6.3: Picture of 16 piezoelectric transducer array (AT40-10PB).
Table 6.1: Circuit constants of array of 16 piezoelectric transducers.
Cd [nF] Cm [nF] Lm[µH] Rm[Ω]
24.60 1.38 11.20 72.12
The resonant frequency of the array of the transducers was 40.2 kHz. As
mentioned above, GIm and GIt are the functions of ζ and Rb. Let the value of Rb
be 0.2Ω and calculate the dependency of GIm and GIt on the factor ζ. Figures. 6.4
(a) and (b) show the calculation results of GIm and GIt .
Around the point of ζ = 1, the current gain in the mechanical branch is large
as GIm ≈ 10, however, the total current gain is extremely large as GIt ≈ 180. Thus,
we cannot set the value of ζ to 1 because the electric power efficiency is extremely
low. Available range of GIm and GIt are summrized as
GIm ≥ 1.5, GIt ≤ 10. (6.23)
Thus, the range of ζ is estimated by Figs. 6.4 (a) and (b) as
3 ≤ ζ ≤ 5. (6.24)
Note that the range of ζ < 1, GIt is larger than 200. This is why the capacitance of
additional capacitor Cb is large. This calculation result is reasonable because large
Cb consumes large electric power.
6.2.3 Experiments
In this section we show the experimental results and compare them with the results
of numerical calculation results. We measured four different setting of factor ζ in
the range of 3 ≤ ζ ≤ 5. As mentioned above, we assumed that Rb is constant,
however, the resistance of an actual inductor monotonically increases according to
CHAPTER 6. DRIVING CIRCUIT AND MODULATION METHOD 139
Figure 6.4: Calculation results of GIm and GIt.
the increase of the number of turns of the coil. Thus the resistance of an actual
inductor is not constant.
Figure 6.5 shows the measurement system of the sound pressure level radiated
from the array of piezoelectric transducers. The detailed information of the mea-
suring system is as below;
- Room: Anechoic chamber in NEC Tagawa Laboratory
- Input signal: Sweep tone (10.0 ‒ 100.0 kHz, 1 Vrms),
- Microphone and conditioning amplifier: Type 4135 and Type 2690-A
- Distance between the microphone and the top of the center of the array of trans-
ducers: 30 cm.
The additional inductor Lb and capacitor Cb consist of toroidal coils and film
capacitors. The core of the toroidal coils is made from the ferrite. Details parameters
of the additional inductor Lb and capacitor Cb is shown in Table 6.2.
Table 6.2: Constatns of peripheral circuit.
ζ Lb[µH] Cb(ideal) [nF] Cb(actual) [nF] Rm[Ω]
5.0 192.0 55.9 57.0 1.3
4.5 156.0 47.5 77.0 1.1
4.0 127.0 97.1 99.0 0.9
3.5 93.0 141.0 141.0 0.9
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Figure 6.5: Schematic of mesurement system of sound pressure level.
Cb and Lb were adjusted as following step to obtain ideal values of ζ,
step 1: Define the value of Lb to obtain the desired value of ζ at the frequency of
40.2 kHz.
step 2: Measure the resistance of the inductor Rb at the frequency of 40.2 kHz.
step 3: Define the value of Cb considering with the measured resistance of Rb in step
2.
Note that the Cb consisted of some film capacitors and it was not possible
obtain the ideal value of Cb. In the experiment, we use the actual value of Cb shown
in Table 6.2.
Figures 6.6 (a) and (b) show the measured results of the frequency response
of the sound pressure level. Figures 6.6 (a) and (b) show the sound pressure level
when the pheripheral circuit is not utilized or utilized, respectively. The value of ζ
for Fig. 6.6 (b) was 3.5. The gain of the sound pressure level due to the peripheral
circuit was about 5.5 dB.
Figure 6.7 shows the summary of the gain of the sound pressure level at the
frequency of 40.2 kHz. Two curves in Fig. 6.7 represent experimental results and
calculation results, respectively. As shown in Fig. 6.7, the differences of the exper-
imental and calculation results at ζ = 5.0, 4.5 are smaller than 1 dB. On the other
hand, the differences of the experimental and calculation results at ζ = 4.0, 3.5 are
large. Reason of mismatch of the experimental and calculation results at low ζ value
is described in section 6.2.4. By these results, the boosting effect by the peripheral
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circuit was confirmed.
Figure 6.6: Experimental results of the frequency response of sound pressure level
to confirm boosting effect of series connected inductor.
Figure 6.7: Summary of experimental results of the frequency response of sound
pressure level to confirm boosting effect of series connected inductor.
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6.2.4 Discussion
Here, we discuss the causes of the differences between the calculation results and
the experimental results shown in Fig. 6.7. In the theoretical derivation in section
6.2.2, we assumed that all components in the equivalent circuit does not have the
frequency despersion characteristics. However, the actual inductor, capacitor and
piezoelectric transducers have frequency dispersion characteristics as below;
Cause A. Magnetic saturaion in ferrite cores of inductors
Cause B. Dependency of the EPD matrix of piezoelectric transducers
First, we consider cause A. In the case of ζ = 3.5, the total current gain and
total current are calculated as GIt = 3.5 and Ie + Im = 0.4[A] by the approximate
calculation shown in section 6.2.2. On the ohter hand, The rated current of the
toroidal coil is 2 A. Thus, the magnetic saturatin in ferrite core was not caused,
however, there is the possibility that the large current causes some changes of the
inductance Lb. Next about cause B, airbone piezoelectric transducers have high
mechanical Q value, which is usually larger than 40. When the vibration velocity
increases by the boosting effect of peripheral circuit, there is the possibility that the
resonant frequency and other parameters listed in EPD matrix change.
6.3 Modulation method
6.3.1 Outline of modulation method
In this section, present status of our studies on signal processing is described. The
signal processing to be considered are modulation methods and dynamic range com-
pression. The modulation methods are improved to suppress the harmonic distor-
tion of the demodulated sound. The dynamic range compressor is used to boost the
sound volume of the demodulated sound. We describe the problems founded in our
studies using results of numerical calculation. Figure 6.8 shows an example of block
diagram of audio processing system of the ultrasonic modulation. Figure 6.8 has the
modulator to modulate a carrier wave with audio signals, the conditioning equalizer,
and the compressor (limiter) to compress the dynamic range of modulated signal.
The conditioning equalizer can be mainly used to cancel the frequency response of
the sound pressure level of the transducers, which is described in subsection A. The
compressor is employed to improve the root-mean-square of the demodulated sound,
which is mentioned in subsection B.
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Figure 6.8: Block diagram of audio processing system of ultrasonic modulation.
6.3.2 Effect of frequency response of transducer
In this subsection, we describe the problem caused by the frequency response of the
transducer, which is related to the conditioning equalizer shown in Fig. 6.8. We
utilized the characteristics of the developped transducer shown in chapter 3 as the
actual piezoelectric transducer.
First, we show the Westervelt equation again, which is utlized in this section
to discuss the modulation method. By the Westervelt equation, the sound pressure



















where ps is the sound pressure of the secondary difference sound, q is the strength
of the sound of the virtual sound source, c0 is the speed of the sound, ρ0 is the mass
density of the air, β is the nonlinear fluid parameter, pi is the sound pressure of the
first ultrasonic.
The sound modulation method of ultrasonic for parametric speakers is usually
studied based on the assumption that the frequency response of the sound pressure
level of a transducer is flat. As mentioned above, ultrasonic transducers have steep
frequency responses around each resonant peak, which vary the spectrum of the
input signal. This relation is expressed as
pi(t) = s(t) ∗ ϕ(t) ∗ r(t) (6.27)
where pi(t) is the radiated sound pressure level, s(t) is the input signal of the trans-
ducer, ϕ(t) is impulse response of the transducer and r(t) is the impulse response of
the sound field between the transducer and observation point, ∗ means the convolu-
tion. When we have a measured data of the sound pressure wave form, it includes
the vibration velocity of the transducer and sound field, i.e. ϕ(t) ∗ r(t). Here, we
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consider the effect of the frequency response of the transducer on a modified dou-
ble sideband modulation (MDSB) signal, as an example. MDSB is the modulation
method to cancel the harmonic distortion of demodulated sound. The right hand
side of Eq. (6.27) means the virtual sound source is the second order derivative of
p2i (t). The waveform of MDSB signal is written as
s(t) = A
√
1 +ma(t) sinωct, (6.28)
where ωc is the angular frequency of the carrier wave, m is the modulation index,
and a(t) is the audio signal.
When the frequency response of the sound pressure level of a transducer is flat,
the MDSB signal does not cause any harmonic distortion of the demodulated sound.
However, the actual transducer has the frequency response of the vibration velocity
ϕ(t), which varied the original waveform and spectrum of the MDSB signal s(t). For
simplification, we calculate the virtual sound source represented on the right hand
side of Eq. (6.25) for the ideal transducer having flat frequency response and our
actual transducer shown in Figs. 4.19 (a) and (b). The frequency response of the
demodulated sound is determined by the right-hand side of Eq. (6.25). Regarding
the ideal transducer, the sound pressure level of the ultrasonic was set to 116dB (ref:
1 µPa) at 20 cm and 51.5 kHz, which was set to be at the equal level as the developed
transducer. On the other hand, the impulse response ϕ(t) ∗ g(t) of our transducer
was obtained at the distance of 20 cm from the transducer. The parameters of the
MDSB signal are shown in Table 6.3.
Figure 6.9 and 6.10 show the calculation results of the spectrogram of the calcu-
lated virtual sound sources generated by the ideal transducer and the transducer we
developed, respectively, which were filtered by a low pass filter (the cutoff frequency
was 12 kHz). As shown in Fig. 6.9, the former displays the single stroke line without
any harmonic distortions. On the other hand, the later has a lot of harmonic dis-
tortion components, as shown in Fig. 6.10. This difference of the spectrogram was
caused by the frequency spectrum of the radiated ultrasonic from each transducer.
Table 6.3: Parameters of MDSB signal.
Parameter Value Symbol
Modulation 1 m
Amplitude 5 Vrms A
Carrier frequency 51.5 kHz ωc2π
Modulation signal Chirp signal(100 Hz - 10 kHz) -
Signal length 5 sec -
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Figure 6.9: Calculated spectrogram of the first-order differentiation of the virtual
sound source generated by the ideal transducer.
Figure 6.10: Calculated spectrogram of the first-order differentiation of the virtual
sound source generated by developed transducer.
Figures 6.11 and 6.12 show the calculation results of spectrums. As shown in
Fig 6.11, the ideal transducer radiates the carrier wave at 51.5 kHz and the flat
sideband components from 51.6 kHz to 61.5 kHz. In contrast, the spectrum of the
sideband components of the transducer we developed has steep slopes.
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Figure 6.11: Calculation results of spectrum of radiated MDSB signal by the ideal
transducer.
Figure 6.12: Calculation results of spectrum of radiated MDSB signal by the devel-
oped transducer.
These results indicate that optimized modulation methods for the ideal trans-
ducer having the flat frequency response, are not performed on actual transducers.
To obtain the demodulated audible sound having no harmonic distortion, the im-
pulse response of actual transducers must be canceled by signal processing. This
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cancelation processing is equal to boost equalizing of the sound pressure level in
sideband frequency range. There is a possibility that the boost equalizing of side-
band components causes the harmonic distortion in ultrasonic range. Thus the
cancelation processing of the response of transducers must be carefully examined.
6.3.3 Dynamic range compression to improve sound volume
To improve the sound volume of the demodulated sound, the dynamic range com-
pressors or limiters can be used. Compressor and limiter are generally distinguished
by the values of the threshold, ration, attack time and release time, i.e. when the
compression ratio is large and the attack and release time is short, the compressor is
called limiter. We consider the limiter whose parameters are shown in Table 3. To
obtain appreciation for efficiency of boosting sound volume, the threshold level must
be kept to very low value as shown in Table 3. The audio input signal was a carrier
wave and chirp signal was to suppress the harmonic distortion of demodulated sig-
nal as described in section 3. A. The modulated signal consisting of a carrier wave
and chirp signal does not cause any harmonic distortion if the transfer functions of
the vibration velocity of any transducers are convoluted to the modulated signal.
Parameter of audio signal is shown in Table 4.
Table 6.4: Parameters of limiter for modulated signal.
Parameter Value
Threshold -40 dBFs(Fs = ditital full scale)
Pre-gain 6 dB
Post-gain 40 dB
Attack time 0 sec
Release time 0 sec
Ratio 10:1
Table 6.5: Parameters of audio signal.
Parameter Value
Frequency of signal
Carrier wave: 51.5 kHz
Chirp wave 51.6 kHz - 61.5 kHz
Amplitude of signal
Carrier wave: 0 dBFs
Chirp wave -6 dBFs
Gain of amplifier 17 dB
Output amplitude 5 Vrms
Signal length 5sec
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Figures 6.13 and 6.14 show the calculation results of the spectrogram of the
secondary audible sound generated by the modulated signal when the limiter is either
not used or used, respectively. As shown in Figs. 6.13 and 6.14 , the sound pressure
of demodulated sound was boosted, which was about 8.5 dB in the root-mean-square.
However, the harmonic distortion occurred by the limiter. This harmonic distortion
must be suppressed with improved dynamic compression method, for example the
multiband compressor / limiter, adaptive parameter adjustment. We are studying
both the method of cancelation of the characteristics of the transducer and the
dynamic range compression, in order to obtain the maximized sound volume with
less harmonic distortion.
Figure 6.13: Calculated spectrogram of the first-order differentiation of the virtual
sound source generated by the modulated sound with no limiter.
6.3.4 Summary
In this chapter, we explained the additional study results related to the driving
circuit and the modulation method. In section 6.2, we show the boosting effect of
the peripheral circuit which have additional inductor and capacitor. By theoreti-
cal derivation, the design guideline to boost the vibration velocity and the sound
pressure level of piezoelectric transducers. Using the results of the theoretical and
numerical calculation, we designed the actual peripheral circuit to boost the sound
pressure level. The effect of the peripheral circuit is confirmed by the experimental
results. There were differences between the experimental and calculation results of
gain of the sound pressure level. These differences may be caused by two causes, i.e.
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Figure 6.14: Calculated spectrogram of the first-order differentiation of the virtual
sound source generated by the modulated sound with limiter.
the variation of the inductance of the additional inductor and the characteristics of
piezoelectric transducers due to high input voltage.
In section 6.3, we explained the current status of our studies of parametric
speaker to obtain high volume and high quality sound. We described two topics:
first, how we have designed the piezoelectric transducer; and second, the current
issues associated with the signal processing in our research. Our proposed ultra-
sonic transducer has the double-linked diaphragms, whose resonant modes can be
controlled by two voltage inputs. By the control of the phase difference of two volt-
age inputs, the sound pressure in low-mid range was enhanced. The current issues
of the signal processing are 1. cancelation of the frequency response of the actual
transducer, and 2. boost of the sound volume of the audible demodulated sound.
About the cancelation, it was explained that the spectrum of the modulated ultra-
sonic is varied by the frequency responses of transducers and the harmonic distortion
of demodulated sound is caused by an example of MDSB signal. With regard to
the dynamic range compression, it was explained that the sound pressure of the




In this thesis, we described the study results related to the design of slim-sized
parametric speakers. The main purpose of this study was to show ideas and guide-
lines for the design and fabrication of piezoelectric transducers. Parametric speakers
usually use piezoelectric transducers as ultrasonic sensors. As the transducers are
designed as ultrasonic sensors, they can be improved such that they are suitable for
parametric speakers.
In this thesis, we particularly focused on improving the magnitude, width of
the available resonant peaks, and the sound pressure level of ultrasonic waves. In
summary, we proposed a piezoelectric transducer having a double-linked diaphragm.
The two diaphragms are linked by a rod having an approriate mechanical stiffness.
The developed transducers have two close resonant peaks. The frequency gap be-
tween the two resonant peaks can be controlled by the stiffness of the rods between
the two diaphragms.
The design process of the developed transducers was divided to three steps:
Step 1. Generate an abstract mathematical model to design the transducer and
its basic structure.
Step 2. Improve the durability of the transducer against strong mechanical forces
and add a control function for the resonant frequencies.
Step 3. Add a peripheral structure, i.e., a radial corn, baffle case, and horn to the
developed transducer in step 2 to improve the electro-acoustic conversion ratio.
Corresponding to these steps, the design methods and results were described from
chapter 2 to chapter 4 as follows.
Chapter 2. Basic structure of the developed transducer.
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In Chapter 2, we focused on the basic structure of the transducer having two close
resonant peaks. We named the developed transducer “the transducer having a
double-linked diaphragm”; it is shown in Fig. 4.1. The two diaphragms are linked
by a rod that is made of resin, and the diaphragms are made of metal. To develop the
structure of the transducer having a double-linked diaphragm, we started from an
abstract mathematical model of the transducer, as shown in Fig. 3.3. The stiffness
and mass density of the rod are much lower than those of the diaphragms. The
abstract transducer model was developed based on two assumptions:
1. The mass of the rod is negligible. Thus, the rod is represented by stiffness and
viscous damping. The Lagrangian and dissipation function of the rod are determined
by the difference in the averaged deflection at the junction area between the two
diaphragms.
2. The mass density and stiffness are uniform throughout diaphragms 1 and 2.
However, viscous damping is affected by the junction area and glue.
Based on these assumptions, we derived the ordinary differential equations
(ODEs) Eqs. (3.26) and (3.27). They are also expressed as the mechanical equivalent
circuit shown in Fig. 4.2. These equations and mechanical equivalent circuits were
derived based on Lagrange’s equations, i.e., all the components were dissolved as the
mass, stiffness, and friction loss, and a variation method was utilized. The derived
ODEs and the equivalent circuit were useful for clarifying the effect of the shape and
position of the rod between two diaphragms. We defined the junction coefficients ζ,
which we expressed as the transformation ratio of the transformer in the equivalent
circuit. It was clarified that ζ is decided by the position of the rod and the shape
of the rod. Importantly, the frequency gaps between the two resonant peaks are
decided by the parameter ζ; thus, they are decided by the position and shape of the
rod. We confirmed the influence of the rod and ζ on the frequency gaps between
the two resonant peaks by considering the pressure applied to diaphragms 1 and 2,
which was determined by numerical calculations, such as those shown in Fig. 3.9.
By LDV measurement of the vibration velocity of diaphragms 1 and 2 shown in Fig.
3.14, we could confirm that the vibration modes expected by the two ODEs and the
equivalent circuit correspond to the actual operation of the prototype transducer.
The shape and the position of the rod were decided considering the influences of the
friction losses caused by the rod and the glue that bonds the two diaphragms and
rod. Finally, we proposed the bobbin-structured rod shown in Fig. 3.20. By the
bobbin-structured rod, we obtained the frequency response of the sound pressure
level having two close resonant peaks, which is shown in Fig. 3.21
The structure having a bobbin-structured rod enables us to obtain two close
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resonant peaks; however, this structure is not robust to strong mechanical forces.
Moreover, this basic structure cannot control the resonant mode, which is necessary
to expand the width of available resonant peaks. The descriptions in this chapter
correspond to issue A and step 1 denoted above.
Chapter 3. Transducer having a mode control function.
In Chapter 3, we describe the improved design of the transducer. The improvement
is related to the fixation method and the resonant mode control function. As denoted
above, the bobbin-structured rod is not robust to strong mechanical forces. Thus,
the rod between the two diaphragms had to be redesigned. The duralumin rods
have a bobbin-structured shape shown in Figs. 4.7. To avoid excessive values for
the junction coefficient ζ, the shape and position of the rods were designed as follows:
- Shape: the duralumin rod has a hollow-structure, and its hole is filled by the resin
shaft.
- Position: The rods are located at the vibration node of two diaphragms whose
distances from the center of diaphragms are 5.0 mm.
The position of the rods is derived by a consideration based on the biharmonic
equations of the bending disk, which are Eqs. (4.4) and (4.4). The general and
particular solutions of Eqs. (4.4) and (4.4) are expressed as Eqs. (4.6) and (4.7).
From these general and particular solutions, we obtained the formula for the junc-
tion coefficient ζ as Eq. (4.8). The shape and the position of the rods are decided
considering Eq. (4.8). With these new duralumin bobbin-structured rods, we ob-
tained two close resonant peaks and durability against strong mechanical forces, as
shown in the frequency responses of the electrical admittance of Figs. 4.10 (a) and
(b).
Moreover, we added an important function, which is the vibration mode con-
trol function, to effectively utilize the two close resonant peaks. The transducer
whose equivalent circuit is show in Fig. 4.2 has only one mechanical force source.
This transducer cannot control the resonant mode because there is only one input
signal of vibration. To control the two resonant modes, we need two input signals,
which indicates that two piezoelectric elements and two input voltage channels are
necessary. By this consideration, we added one more piezoelectric element to the
transducer. The equivalent circuit of the piezoelectric transducer having two piezo-
electric elements is expressed as shown in Fig. 4.4. The equivalent circuit shown
in Fig. 4.4 is expressed by Eq. (4.22). The eigenvectors of the vibration displace-
ment and vibration velocity, and the input mechanical forces needed to excite the
eigemodes are derived from Eq. (4.22), as Eqs. (4.24), (4.25), and (4.27). These
calculation results reveal that the resonant mode can be controlled by the two piezo-
electric elements and two input voltage channels. The mode control function was
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confirmed by a numerical calculation as shown in Fig. 4.13.
Based on the theoretical analysis described above, we fabricated prototype
transducers having three duralumin rods and a vibration mode control function.
The control function of the fabricated prototype transducers was confirmed by mea-
surement of the vibration and the sound pressure level through experiments as shown
in Figs. 4.17 and 4.19.
Finally, we confirmed that the demodulated audible sound can be controlled
by the phase difference between two input voltage channels as shown in Fig. 4.19.
Through these improvements, we obtained a more stable and functional transducer
in which the available width of the resonant peaks can be expanded. The description
in this chapter corresponds to issue A and step 2.
Chapter 4. Peripheral acoustic structure.
In Chapter 4, we describe the peripheral structure including radial cones, housing
case, and attached horn. The developed transducer in Chapter 3 is a core part of the
piezoelectric transducer that does not have radial cones. Generally, radial cones are
necessary to magnify the vibration displacement and the radiated sound pressure
level. In particular, the total vibration displacement of the disk-shaped diaphragm
theoretically becomes zero as deduced by Eq. (4.19) in the appendix of chapter 3.
Thus, radial cones are necessary for the piezoelectric transducer having a disk-shape
to achieve a high sound pressure level. To maintain the two close resonant peaks
and the mode control function, two cones are necessary in the developed transducer,
i.e., the main and dummy cones. The developed transducer having double cones is
shown in Fig. 5.13. By the addition of the radial cones, the mechanical equivalent
circuit and ODEs became complicated as shown in Fig. 5.14 and Eq. (5.7). The so-
lution is the homogeneous equation of Eq. (5.7), i.e., the equation whose right-hand
side is set to zero, has four solutions. On the other hand, the developed transducer
has just two piezoelectric elements and two input voltage channels. Thus, the vi-
bration mode cannot be necessarily controlled by the input voltage. We clarified
the condition needed to control the resonant mode of the transducer having radial
cones by theoretical analysis. It was clarified that the condition expressed as Eq.
(5.36) allows for control of the resonant mode by two piezoelectric elements and
two input voltage channels. Equation (5.36) shows that, in this case, the radiation
impedance and the friction losses of the radial cones are negligible. The radiation
impedance of the radial cone is much smaller than the mechanical impedance of the
cones and diaphragms. Therefore, the friction losses of the cones are important to
the mode control function. Equation (5.37) suggests that the resonant modes can be
controlled by two input voltage channels when the assumption Eq. (5.36 is fulfilled.
Moreover, four resonant peaks can be divided two groups and the frequency gap
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between two resonant peaks in a group can be controlled by the junction coefficient
of the three rods between diaphragms 1 and 2 by Eqs. (5.25) and (5.26).
The shape and structure of the cone are shown in Fig. 5.15. This structure and
shape were chosen by considering fabrication stability and machining accuracy. The
thickness of the cones affects the sound pressure level as shown in Fig. 5.20, and
these calculation results suggest that the thinner cones are superior with regard to
the magnification of the sound pressure level. As it is difficult to fabricate cones that
are thinner than 0.3 mm by our machining process, we decided to use a thickness of
0.3 mm.
The schematic of the housing of the transducer is shown in Fig. 5.21. We con-
firmed the influence of the housing on the frequency response of the sound pressure
level by an FEM calculation as shown in Fig. 5.22. These results reveal that the
baffle case affects the frequency response of the sound pressure level.
As the final peripheral acoustic components, we show the design results of the
loop horn. The loop horn consists of small loops as shown in Fig. 5.24. We confirmed
that the effect of the magnification of the sound pressure level by the loop horn is
about 3 dB in a two-dimensional calculation as shown in Fig. 5.26, which translated
to a 6 dB gain in an actual three-dimensional space. This magnification effect is due
to the control effect of the directivity of the sound pressure level, i.e., the directivity
becomes narrow owing to the loop horn.
Based on the results of the theoretical calculation and the numerical calculation
(FEM calculation), we fabricated a prototype transducer having radial cones, a
housing case, and the loop horn. Based on our final design, we fabricated four
transducer units shown in Fig. 5.28. The mode control function was confirmed by
the measured results of the frequency responses of the sound pressure level as shown
in Fig. 5.32, 5.38, and 5.41. The four-transducer unit with a horn has a narrow
directivity of the sound pressure level of ultrasonic waves as shown in Figs. 5.39 and
5.40. The frequency response of the sound pressure level of the demodulated sound
was confirmed, as shown in Fig. 5.49. With the loop horns, the sound pressure level
of the demodulated sound was boosted about 6 dB.
Finally, we achieved a high sound pressure level and narrow directivity of the
demodulated sound with just four piezoelectric transducers. The content of this
chapter corresponds to issue C and step 3 stated above. Furthermore, we achieved
a sound pressure level of the demodulated sound of 65 dB by using just four piezo-
electric transducers at an input voltage of 10Vrms. Furthermore, we obtained very
narrow directivities of the sound pressure levels of ultrasonic waves and demodulated
sounds, which are narrower than 10 deg. at 3dB down from the center.
Additionally, in chapter 5, we explained the study results related to the periph-
eral circuits of the driving circuit and modulation methods. The peripheral circuit
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consists of inductors and capacitors, and has the function of boosting the sound
pressure level of ultrasonic waves due to the resonance between an inductor and
a capacitor. However, mechanical and static branches in the equivalent circuit of
a piezoelectric transducer complicate the design of the circuit constants. We pro-
vide a design guideline to boost the sound pressure level by taking into account the
electrical power efficiency obtained by theoretical analysis and experimental results.
With regard to the modulation methods, we showed the influence of the frequency
response of the sound pressure level on the spectrum of the demodulated sound by
theoretical analysis.
7.2 Future works
7.2.1 Fabrication process and design method
We describe the design of the piezoelectric transducers having double-linked di-
aphragms and a mode control function. The design methods mentioned in this the-
sis need further investigation. Here, we list some of the considerations that should
be made in the fabrication of actual piezoelectric transducers that can be used in
various applications.
-Fabrication process 1. Bonding process
As mentioned in chapters 2, 3, and 4, the stability of bonding between the
diaphragms and rods, and diaphragms and cones is important for maintaining the
resonant mode control function and suppressing variations in resonant frequencies
and other characteristics. The bonding process of the diaphragms and rods, and
diaphragms and cones needs to be more efficient, and a strong method such as
the press-fit method should be used. Because each diaphragm has a piezoelectric
element on one of its sides, it is necessary for the press-in method to prepare the
piezoelectric element such that it has holes in which rods or cones fit. It is not easy
to fabricate general piezoelectric elements whose shape is complicated. Of course,
if flexible piezoelectric elements are available, it is possible to fabricate complex-
shaped piezoelectric elements. However, the d31 constants must be carefully checked
to maintain the vibration force generated by piezoelectric elements. Other ways to
solve these issues are utilizing stronger adhesive bonds and more accurate and stable
fixtures to fix diaphragms, rods, and cone.
2. The thickness of cone:
The thickness of the cone affects the magnitudes and frequencies of the resonant
peaks. From the point of view of the maximum sound pressure level, thin cones are
preferable. In this thesis, we utilized a cone whose thickness was 0.3 mm, owing
to the limits of the machining process. Cones thinner than 0.3 mm require a much
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more sophisticated and expensive machining process. If we could employ a more
expensive machining process and fabricate thinner cones, the developed piezoelectric
transducers would have a much higher sound pressure level for ultrasonic waves.
-Design method
1. Dummy cone design:
The developed transducer has a dummy cone that is necessary to maintain the
balance between diaphragms 1 and 2. The balance between diaphragms 1 and 2
is expressed as the equivalent circuit Fig. 5.14, and the assumptions used to to
simplify the analysis are Eqs. (5.11) and (5.13). However, we cannot deny the
possibility that the shape of the dummy cone may maintain the frequency gap of
the two resonant peaks and the mode control function. It is difficult to find another
shape of dummy cone that can fulfill Eq. (5.13) by theoretical approaches. The
shape optimization approaches and structural topology optimization approaches are
useful for redesigning the shape of the dummy cone. If any solutions with a smaller
shape of the cone are found, we can cut the space of the dummy cone and fabricate
smaller transducers.
2. Housing case:
The housing case designed for the prototype transducers has a considerable
amount of clearance from the edge of the piezoelectric transducer and the radial
cones. This clearance between the housing case and the transducer was defined as a
space for electrical wires and the dimensional allowance of the transducer owing to
the manufacturing process (handmade). Therefore, it is not difficult to shrink the
dimensions of the housing case in more advanced fabrication stages because a more
accurate design and fabrication process can decrease the wire space and dimensional
allowance of the transducer.
Besides, the cap of the housing case causes the acoustic resonance of the ul-
trasonic waves. Thus, the housing case must be optimized, including the acoustic
resonance.
The smaller housing case is obtained by advanced studies; we can fabricate
smaller piezoelectric transducer arrays that can be more easily installed in various
equipment.
3. Loop horns and other acoustic resonant structures:
The loop horn in chapter 4 aims to enclose the sound field around the center
axis of the transducer array to obtain narrow directivity and a high magnitude of
the sound pressure level. The design parameters of the loop horn, i.e., the dimen-
sions of the cross section of each loop, the pitch between loops, the change rate of
the aperture, and the length of the horn can be improved. As with the dummy
cones and housing case, the shape optimization approaches and structural topology
optimization approaches can contribute to the optimization of these parameters of
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the loop horn.
Moreover, there may be other kinds of acoustic resonance that could enhance
the sound pressure level and control the directivity of the sound field. Although, in
this thesis, we designed and fabricated the loop horns, this loop horn is one kind of
o acoustic resonant structure. The purpose of the acoustic resonant structures is to
1. improve the magnitude of the sound pressure level and 2. the directivity control
of the sound pressure level.
7.2.2 Other versions of developed design method
The developed design in this thesis has many alternative designs. In this section,
we show the other designs and the results of numerical calculations.
First, we show an example of a closed type transducer having a double-resonant
mode and mode control function. Although we aimed to develop an open type
transducer, the developed design and know-how can be applied to a closed type
transducer. Figure 7.1 shows the schematic of a closed type transducer having a
double-resonant mode and mode control function. The transducer shown in Fig.
7.1 has the metal cap and sealing rubber layers that seal the core part of the trans-
ducer. The basic design of the core part of the transducer is almost the same as the
design shown in chapter 4, i.e., two diaphragms have two piezoelectric elements and
three bobbin-structured pipes are used to connect the two diaphragms. The upper
diaphragm is embedded in the metal case. The sealing layer between the metal cap
and the upper diaphragm is made from rubber to insulate the vibration.
Figure 7.2 shows the calculated frequency response of the vibration displace-
ment at the top of the upper diaphragm. The input voltage to the two piezoelectric
elements is 5 Vrms. The phase difference between the two voltage inputs is 0 deg.
or 180 deg. As shown in Fig. 7.2, the resonant frequencies can be controlled by the
phase difference between the two voltage inputs.
Figure 7.2 shows the contour figure expressing the vibration displacement at
two resonant frequencies. As shown in Fig. 7.2, the vibration form is changed by
the phase difference of the two voltage inputs. The frequency gap between the two
resonant frequencies is 2.3 kHz.
These results reveal that the structure shown in Fig. 7.1 has two resonant
modes and a mode control function. Although the metal cap is not employed as
the mechanical resonant structure in this example, it is possible to develop another
structure having a metal case that is utilized as a mechanical resonator. The devel-
oped design in this thesis can be applied to a closed type piezoelectric transducer.
A closed type transducer has a high durability against the outdoor environment.
Thus, transducers designed by the design methods shown in this thesis can be used
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Figure 7.1: Schematic of the closed type transducer having a double-resonant mode
and mode control function.
in parametric speakers used in outdoor environments.
Figure 7.2: Calculated frequency response of the vibration displacement of the closed
type transducer having a double-resonant mode and mode control function (top of
upper diaphragm).
We then show an example design of a transducer having more than two stacked
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Figure 7.3: Vibration form of the closed type transducer having a double-resonant
mode and mode control function (at resonant frequencies).
diaphragms and piezoelectric elements. As mentioned in chapter 5, i.e., Eqs. (5.3),
(5.4), (5.5), and (5.6), and Fig. 5.14, the number of ODEs and the branches in the
equivalent circuit increases according to the number of diaphragms. Thus, the ana-
lytical calculation becomes much more difficult owing to the increase in the number
of ODEs and the variables used in the ODEs. To fabricate a useful transducer, two
requirements: 1. same number of resonant modes as the number of diaphragms
and 2. resonant mode control function that enables enhancement of just a resonant
peak. To clarify the methods used to fulfill these two requirements, a mathematical
discussion of analytical systematization focusing on the symmetricity of ODEs and
equivalent circuits, such as group theory, is necessary.
In this section we show only an example of a transducer having four stacked
diaphragms and piezoelectric elements. Figure. 7.4 shows the schematic of the
transducer having four stacked diaphragms and a mode control function. As shown
in Fig. 7.4, the transducer is designed by the expanded design method that is
described in chapter 5.
Figure 7.5 shows the calculated frequency response of the vibration displace-
ment of the transducer shown in Fig. 7.4. The vibration displacement is observed at
the top of the upper cone shown in Fig. 7.4. The transducer has four piezoelectric el-
ements and four voltage inputs, which are V1, V2, V3, and V4. The voltage inputs have
many combinations; however, we only show six combinations: i.e., (V1, V2, V3, V4) =
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(5, 0, 0, 0), (5, 5, 0, 0), (5, 5, 5, 0), (5, 5, 5, 5), (0, 0, 5, 5), (5, 5, 0, 0)Vrms.
The phase difference between the four voltage inputs is 0 deg.
As shown in Fig. 7.5, the transducer has just three apparent resonant peaks.
The magnitude of the resonant peaks changes according to the condition of voltage
inputs; however, the third resonant peak is always higher than the other two res-
onant peaks. This means that the mode control function does not work well. In
future work, we must clarify the conditions and design methods to fulfill the two
requirements stated above. The first step of this work is the mathematical system-
atization focusing on theoretical ODEs and equivalent circuits. As the second step,
we must find actual design and fabrication methods.
Figure 7.6 shows the calculated vibration form at two resonant frequencies of
46.6 kHz and 49.1 kHz. The conditions of the four voltage inputs are (V1, V2, V3, V4) =
(0, 0, 5, 5), (5, 5, 5, 5).
Figure 7.4: Schematic of a transducer having four stacked diaphragms and a mode
control function.
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Figure 7.5: Calculated frequency response of the vibration displacement of a trans-
ducer having four stacked diaphragms a and mode control function (top of upper
cone).
Figure 7.6: Vibration form of a transducer having four stacked diaphragms and a
mode control function (at resonant frequencies).
7.3 Future perspective for application
In this final section, we provide perspectives on the application of parametric speak-
ers and other application of our developed transducer. Our developed transducer
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has the following unique characteristics:
1. High sound pressure level.
2. Two close resonant peaks that can be controlled and available resonant peaks
that can be widened.
3. Narrow directivity of the sound field.
These unique characteristic can be unique sales points for the actual application
of the transducer from the point of view of sizes and number of transducers. The
slim-sized transducers array can be installed in various equipment. The number of
transducer must be reduced to simplify the maintenance of transducer array because
generally the parametric speakers require high input voltage, which easily causes
degradation.
Figure 7.7 shows the table of application vs number of transducer units (four
transducer array). For small electric equipment, for example, smart speakers and
laptop computer options, one or three units can be utilized. On the other hand,
in a noisy environment, for example, exhibition areas, stores, roads, and outdoor
environments, more than ten units are preferable. Systems with a few units, however,
may be utilized as the distributed system.
Figure 7.7: Matrix of application of the parametric speaker using the developed
transducer.
An example of the distributed system is the sound alert system in a parking
garage as shown in Fig. 7.8. We assume that, for this system, the voice message or
sound alerts sent to the pedestrian can prevent the pedestrian from colliding with
vehicles. Because the many piezoelectric speaker units can be distributed and the
closest parametric array can be activated, the transducer units included in each
parametric array can be reduced.
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Figure 7.8: Schematic of a sound alert system in a parking garage using parametric
speaker.
Figure 7.9 shows the applications that have already been proposed by West
Nippon Expressway Sogo Service Okinawa Co.,Ltd. The application is a sound alert
system on highways or general roads, whose name is USIMACT. USIMPACT aims
to transmit sound alerts to the drivers of automobiles to reduce the risk of collision
with the construction site on highways. Highways are very noisy environments and
the demodulated sound must be transmitted via the windows of automobiles; thus,
this type of application needs high sound pressure levels of ultrasonic waves. To
achieve this system, hundreds of general piezoelectric transducers, i.e., ultrasonic
sensors, are needed. If our developed transducer is employed in the sound alert
system, the number of transducer can be reduced.
Finally, we show a possible application of our developed transducer in a device
that is not a parametric speaker. Figure 7.10 shows the application of the transducer
to an airborne sonar system for automobiles. A general transducer has one available
resonant peak; thus, the directivity and distance are uniquely decided. By contrast,
our developed transducer has two resonant modes that can be controlled by two input
voltage channels. Therefore, the sonar system can select appropriate directivities
and distances according to the situation around the automobile.
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Figure 7.9: Schematic of the USIMACT application (cited by website of
West Nippon Expressway Sogo Service Okinawa Co.,Ltd http://www.w-ss-
okinawa.co.jp/hyper/usimpact.html).
Figure 7.10: Schematic of an advanced sonar system for automobile with a directivity
control function.
Figures 7.8, 7.9, and 7.10 are a few of the applications of the developed trans-
ducer. By improving our developed transducer through the future studies described
above, our developed transducers can be usefully employed to the applications de-
scribed here and other applications.
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